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ABSTRACT
The purpose of the present study is to examine the effects 
of varying stimulus repetition rate on the auditory brainstem 
response (ABR), at near-threshold intensity levels. ABR 
waveforms were obtained on each of eight subjects with normal 
auditory function. Tone-burst stimuli were presented at IS-dB SL 
(re: each subject's threshold for the tone bursts), at
repetition rates of 10, 20, and 30 stimuli per second, at 2000 Hz 
and 4000 Hz. Each resulting listening condition was repeated 
three times. An ANOVA revealed no main effects, nor two-way or 
three-way interactions for all possible combinations of 
variables. Data pertaining to the reliability of the ABR as a 
function of stimulus repetition rate and frequency at 
near-threshold levels are presented and future research 
directions are discussed.
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INTRODUCTION
DEFINITION AMD CHARACTERISTICS OF 
THE AUDITORY BRAINSTEM RESPONSE (ABR)
The auditory nervous system contains neurons which exist 
in a sequential short-axon pathway (Jewett, 1983). These 
neurons have been differentiated on the basis of structure and 
response characteristics (Tsuchitani, 1983). Stimuli of 
sufficiently short duration will cause specialized neurons to 
fire in a highly synchronized manner (Barker, Brown and 
Freeston, 1979). These auditory evoked potentials typically 
are recorded by non-invasive placement of electrodes on the 
surface of the scalp or head. This recording technique is 
known as "far-field" measurement and implies that the 
electrical activity being detected is some distance from the 
generator site (Jewett and Williston, 1971).
The auditory brainstem response (ABR) is a far-field 
representation of the summation of neuronal responses; it is 
time-locked to an auditory stimulus and can be distinguished 
from on-going electroencephalic activity. The short latency of 
the early auditory evoked potentials suggests that the 
generator sites for the response may be the subcortical
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
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structures of the brainstem (Jewett, Romano and Williston, 
1970).
Utilizing averaging techniques Goldstein and Rodman (1967) 
discovered middle-latency auditory evoked potentials [occurring 
less than 50 ms post stimulus onset-time (PST)]. They noted 
the inconsistent presence of a component occurring 10-12 ms 
PST, but commented, "Its role in determination of threshold was 
not assessed." (Goldstein and Rodman, 1967). Jewett (1970) 
described the early auditory evoked potentials occurring 
approximately 7.6 ms PST, and Jewett and Williston (1971) 
further described and classified the response with respect to 
latency, amplitude and general configuration. A unique set of 
seven waves occurring 9 ms PST were identified and labeled 
sequentially with Roman numerals (Jewett and Williston, 1971). 
The amplitude of wave I was measured as 100 nV (Jewett et al., 
1970), although many researchers have demonstrated that 
decreasing stimulus intensity reduces the amplitude and 
increases the latency of the response (Goldstein and Rodman, 
1967; Jewett et al., 1970; Hecox and Galambos, 1974; Picton, 
Hillyard, Krausz and Galambos, 1974; Hyde, Stephens and 
Thornton, 1976; Stapells and Picton, 1981; Ruth, Hildebrand 
and Cantrell, 1982; Heifer and Gerken, 1983). This ABR is
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consistent within and between individuals, and is recordable 
independent of cephalic electrode location (Jewett and 
Williston, 1971).
In 1971, Jewett and his colleagues were among the first 
investigators to document the stability of wave V. They also 
demonstrated that of all the waves of the ABR, wave III is most 
susceptible to changes in stimulus parameters, and that waves 
IV and VI often are manifested as ascending and descending 
inflections on wave V. The results of their study indicate 
that wave V is a robust and reliable response.
RELATIONSHIPS OF THE ABR TO BEHAVIORAL THRESHOLDS
Auditory brainstem response audiometry has been utilized 
in differential diagnosis of the auditory nervous system, and 
as an objective means of assessing auditory sensitivity at 
near-threshold levels. Because the ABR is an
electrophysiological estimate of a sensory process, patient 
cooperation is not required. It provides reliable information 
about auditory brainstem activity regardless of age, state of 
consciousness or ability to cooperate (Hecox and Galambos, 
1974; Davis, 1976). ABR testing has gained wide acceptance 
among professionals involved with hearing-impaired populations.
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and has become a preferred procedure in estimating behavioral 
thresholds in difficult-to-test populations.
In threshold testing, the examiner must determine the 
lowest stimulus intensity at which the ABR response is still 
present. Several investigators have examined the predictive 
accuracy of the ABR compared to behavioral thresholds. 
Mitchell and Clemis (1977) determined the average difference 
between behavioral thresholds and thresholds obtained through 
ABR testing to be 2.1 dB ^11 dB for normal hearing subjects. 
Threshold agreement between the two measures for their hearing 
impaired subjects were 10.2 dB ;Hl3 dB.
Pratt and Sohmer (1978) compared a click elicited ABR to 
behavioral thresholds and found that the ABR thresholds were 
within 6 +̂ 6 dB of the pure-tone behavioral thresholds. Other 
researchers have found that the prediction of hearing based on 
ABR thresholds to tone pips is accurate, although the greatest 
error occured for 500 Hz tone pip, and the least error with 
click stimuli. Hayes and Jerger (1982) also noted that the 
predictive accuracy of the ABR was influenced strongly by the 
degree and slope of the hearing loss.
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The above studies vary somewhat with respect to their 
agreement regarding the ability of the ABR to accurately 
predict hearing. Some of the variance may be attributed to 
lack of standardization of ABR test procedures and to 
differences in behavioral methods. Another source of variance 
rests with the fact that the ABR is a response whose magnitude 
is on the order of nanoVolts, and must be extracted from 
myogenic activity whose magnitude is on the order of 
microvolts.
In spite of the above difficulties, there exist much 
published data to support the clinical usefulness of ABR. 
Mokotoff, SchuIman-Galambo s and Galambos (1977) tested 81 
infants utilizing ABR and behavioral testing and found it to be 
a very reliable diagnostic tool in the assessment of 
difficult-to-test children. Sdhoel, Mair, Elverland and Laukli 
(1979) assessed thirty-eight difficult-to-test children and 
found complete agreement between the ABR and behavioral 
thresholds. ABR thresholds yielded diagnoses of normal hearing 
in 12 of 22 children who were thought to have some hearing 
impairment. In seven cases of children who had proved 
impossible to test, four were identified as having normal 
hearing sensitivity.
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FACTORS AFFECTING THE NORMAL ABR
An examiner's ability to detect the ABR and its 
characteristic waveforms is influenced strongly by stimulation 
and recording techniques. The waveforms' shape, amplitude and 
latency are influenced by methods of recording and are related 
directly to stimulus and response parameters. The following 
sections will address several of the relevant variables.
Filter Settings
Filtering of the ABR is a necessary technique because it 
facilitates the process of extracting the desired low-voltage 
response from random neural noise. Primary sources of the 
"noise" include ongoing electrical activity within the body of 
the person being tested, interference from electrical 
radiation, stimulus artifacts and the electrical signals 
present in the recording equipment (Glattke, 1983). Knowledge 
of the spectral contents of the ABR would be beneficial in that 
some of the ongoing EEC and EMC activity could be removed 
before the averaging process began. Several investigators have 
attempted to define the spectral content of the ABR, and some 
controversy exists regarding the frequency range that comprises 
the response. Kevanishvili and Aphonchenko (1979) performed a
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
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spectral analysis of the ABR using click stimuli and determined 
the frequency range of the ABR to be 50 to 1000 Hz. Another 
group of investigators noted that responses to click stimuli of 
moderate intensity contained most of their energy in the 50 to 
250 Hz range (Stapells and Picton, 1981). In contrast to these 
findings, Laukli and Mair (1981) determined that the spectral 
content of the ABR elicited by tone bursts extends from 500 to 
2500 Hz. In addition, Suzuki (1982), using a power spectral 
analysis of the ABR, concluded that the spectral components 
extended from 50 to 11000 Hz. In spite of the differences in 
absolute findings, most authors recommended filtering the ABR 
from 80 Hz or less to greater-than 1000 Hz.
A possible explanation for the differences observed 
regarding the spectral composition of the ABR rests in the 
observation that many authors used different levels of 
presentation ranging from high intensity signals to 
threshold-level signals, that authors used different stimuli, 
and that the authors used different analysis techniques to 
determine the spectral characteristics.
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Results of experiments that systematically varied high and 
low filter cut-off settings indicate that the absolute 
amplitudes of the ABR decrease with increases in low-frequency 
cutoff and with decreases in high-frequency cut-off (Stockard 
and Stockard, 1983). Jewett and Williston (1971) noted that 
high cut-off frequencies ranging from 1 to 100 hz created an 
increase in latency and a loss of the characteristic morphology 
of the ABR.
Frequency Specificity of Stimuli
The choice of stimulus parameters in auditory brainstem 
response testing is important. A rapid rise time is necessary 
to elicit the synchronous neural firings of the ABR. However, 
the rapid onset of click stimuli precludes transmission of 
frequency specific information. Therefore, the signal 
parameters utilized must reflect a compromise between the ideal 
time characteristics and the desired frequency composition 
which are necessary for eliciting the ABR.
Because of their abrupt onset times and the ease with 
which they are produced, clicks frequently are utilized to 
excite a broad, synchronous neural population (Davis, 1976). 
Consideration must be given to the fact that the distribution
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
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of energy that reaches the cochlea is not the same as it is at
its source. Due to resonances in the transducer and in the
external and middle ears, the resulting "click” stimuli contain 
frequency biases (Davis, 1976), Because of its short duration 
and broad spectral distribution a click is equivalent to an 
acoustic transient. Teas, Eldridge, and Davis (1962) were able 
to demonstrate the frequency regions that contribute to the 
whole nerve action potential elicited by an acoustic transient. 
The results of their study indicated that at low intensities
the cochlear region between 2000 and 3000 Hz predominantly
contributed to the whole-nerve action potential; at moderate 
intensities the region from 4000 and 5000 Hz was stimulated 
most. Results of this study suggests the basal end of the 
cochlea is stimulated most in the click-evoked action 
potential.
Clicks, therefore, are capable of eliciting a response to 
a wide frequency range, but are constrained by characteristics 
of the stimulus delivery system and of the receiver of the 
stimulus. These constraining characteristics will strongly
influence which area of the cochlea will be dominant in the 
response. As a result, the auditory brainstem response may
contain a frequency bias that is unknown to the tester.
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Because the confounding characteristics are not manipulated
easily or controlled with click stimuli* tonal stimuli may
provide some control over these variables.
Several difficulties exist in obtaining brainstem 
responses to frequency-specific stimuli. The first difficulty 
is one regarding specific characteristics of the response. For 
frequencies less than 2000 Hz, the synchrony of neural 
discharge to the onset of the stimulus is not maintained; 
instead, the response becomes phase-locked to the stimulus. 
This phenomenon has been identified as the frequency following 
response (FFR) (Marsh and Worden, 1968; Moushegian, Rupert and 
Stillman, 1973).
The second difficulty is specific to characteristics of
the stimulus in that it is not possible to maintain frequency 
specificity in a signal that requires an abrupt onset. There 
also is some neurological evidence which suggests that the ABR 
may be evoked by the onset of the stimulus and not by the 
entire acoustic spectrum of the generated tone (Stapells and 
Picton, 1981),
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Tone pips may be utilized to elicit the ABR if the rise 
time is sufficiently rapid. Hecox et al. (1976) demonstrated 
that when the rise time of a stimulus was extended from 0 to 10
ms, the latency of Wave V increased by 1.3 ms. A loss of
definition of the earlier waves also accompanied this change. 
Goldstein and Kiang (1958) reported that the eighth nerve 
action potential was reduced in amplitude by extending the rise 
times of the stimulus. At moderate intensities they were 
unable to obtain an action potential for rise times of five ms 
or more. Results of these studies indicate that rise times of
less than five ms should be "sufficiently rapid" to elicit a
frequency-specific response. In order to reduce spectral 
splatter, it is also desirable to allow for a minimum of two 
cycles of the stimulus in the rise time (Davis, 1976). The 
various types of tonal stimuli that have been utilized in 
brainstem response testing include filtered clicks (Davis, 
1976), tone bursts with constant two cycle rise time and four 
to six cycles in the plateau (Eggermont, Odenthal, Schmidt and 
Spoor, 1974), tone bursts with a constant one ms rise time 
(Mitchell and Clemis, 1977), and tone bursts with rise times 
varying from one to three ms (Terkildsen et al., 1976). One 
advantage to utilizing a constant rise time is that it prevents 
an artificial latency delay induced by the increasingly long
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rise times of lower frequency signals.
Repetition Rate of Stimuli
The repetition rate of the stimuli used to elicit the ABR 
may reveal significant characteristics of the auditory 
brainstem pathways. Although the effects of varying repetition 
rates have been described by numerous investigators, only
limited conclusions can be extracted from their reports. Often 
significant stimulus parameters have been omitted from their 
descriptions of their procedures or data analyses. Few studies 
have investigated the effect of the rate of stimulus 
presentation near threshold, and no study has been found that 
specified the reliability of this effect.
When Jewett and Williston (1971) described the ABR, they 
observed no latency shift when they increased the stimulus
repetition rate of their clicks from 2.5 to 50 stimuli per 
second (sps). In their general experiment, 12 subjects were 
used and stimulus intensities ranged from 60 to 75-dB above 
threshold for each subject. However, the intensity levels for
this section of the study were not specified. At these
supra-threshold levels, they noted that the amplitude of wave V 
was reduced the least, in comparison with that of the other
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waves, by increased repetition rates. From these results, one 
might surmise that at lesser intensity levels, wave V also 
would be least affected.
Picton, Hillyard, Krausz and Galambos (1974) also used
clicks, but varied the repetition rate from 63 sps to one every
four seconds. Without reporting the number of subjects or
intensity levels of the stimuli, they stated that with
increasing repetition rates, the amplitudes of waves I-IV 
decreased, and the amplitude of wave V was not affected.
Thornton and Coleman (1975) used clicks at 60-, 70- and
80-dB SL and rates of 67, 42, and 31 sps. They reported less 
effect on the amplitude of their N4 (the equivalent of wave V) 
than for earlier waves. They also reported that the rate 
effects were contingent on the level of presentation, with 
lesser levels presenting the greatest effects (amplitude 
reduction). Throughout all conditions, the amplitude of wave V 
was not as affected by increasing repetition rates as the 
amplitudes of the other waves.
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Zollner, Karnahl and Stange (1976) studied the effects of 
stimulus repetition rates for clicks of 5, 10, 50 and 100 sps 
presented at 90-, 60-, and 30-dB SPL. They found a general 
trend for a reduction of amplitude with increasing repetition 
rates, but noted that the intensity of the stimuli was not a 
contributing factor.
Hyde, Stephens and Thornton (1976) evaluated stimulus 
repetition rate effects with clicks at 60-dB SL and nine rates
between 2 and 50 sps. Wave I amplitude was slightly reduced as
rate increased from 12 to 20 sps, and wave V amplitude was
reduced only for rates faster than 35 sps.
Pratt and Sohmer (1976) compared the effects of click 
presentation rates of 5, 10, 20, 40 and 80 sps at intensities 
of 0- to 70-dB ML (in 10-dB increments). They found that the 
faster click rates resulted in smaller amplitudes, and had the 
greatest effect on wave I. While no statistical analyses of 
their data was provided, they noted that the effect was 
constant across intensity.
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Don, Allen and Starr (1977) performed a similar rate and 
intensity study using clicks. When the click rate was
increased from 10 to 100 sps, and intensity was varied from 30- 
to 60-dB SL, they noted an effect that was constant across 
intensities, and followed a pattern similar to those reported 
above.
Terkildsen, Osterhammel and Huis in't Veld (1975) probably 
were the first investigators to explore the effects of
repetition rate with tonal stimuli on the ABR. They used 
stimuli with constant rise/fall times (1 ms) and plateaus of
0.5 and 8 ms at 1000, 2000 and 4000 Hz. They used intensity 
levels of 70- and 85-peHL (undefined) and rates of 5, 10, 20 
and 40 sps in three subjects. In this study, frequency of the 
stimulus had a negligible effect. Intensity had an effect only 
in that the higher intensity yielded larger amplitudes which 
were more easily detectable.
Kodera, Yamada, Yamane and Suzuki (1978) were another group of 
researchers interested in identifying the relationship between 
stimulus repetition rate and the detectability of the ABR. They 
presented 500 and 1000 Hz tone pips at 30 dB SL and 50 dB SL at
repetition rates of 9.2, 12.8, 21.3 and 27.0 sps. The
amplitude of wave V did not change as a function of repetition
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
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rate at 30 dB SL. At an intensity level of 50 dB SL, the 
amplitude of wave V was significantly greater at 27.0 sps than 
at repetition rates of 21.3 sps. These investigators did not 
uncover any significant frequency dependent differences in
amplitude measures for 300 and 1000 Hz.
van Olphen, Rodenburg and Verewey (1979) examined the 
effects of stimulus repetition rates of 2.5, 5, 10, 20, 40, and 
80 sps at 70-dB SL. The stimulus utilized in this study was 
one period of a 4000 Hz sine wave. The investigators noted 
that the mean amplitudes of waves I - IV decreased uniformly 
with increasing repetition rates; wave V was not affected. 
They concluded that increasing the stimulus repetition rate 
from 10 to 80 sps resulted in a 45% reduction in amplitude of 
the ABR.
Mair, Elverland and Laukli (1979) investigated rate 
effects of a 4000 Hz tone burst on the ABR in the cat. They
utilized rates of 2, 3.33, 6.67, 10, 20 and 50 sps at 80, 50
and 20 dB SL. The experimenters reported that amplitude
changes in the ABR were greatest at 10, 20 and 50 sps, and that 
waves III and IV were least affected. The results of this 
study indicate that rate effects are greatest at low stimulus
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intensity levels.
More recent research by Fowler and Noffsinger (1983) utilized 
2000 and 4000 Hz tone pips presented at suprathreshold levels 
at repetition rates of 10 and 50 sps to examine the effects of 
repetition rate and frequency on the ABR. At rates of 10/s 
waves II and IV yielded greater amplitudes than responses 
obtained at 30/s. Their study demonstrated that rate affected 
the amplitudes of waves II and IV only. Results of this study 
supports the findings of other investigators that wave V is 
résiliant to changes in stimulus repetition rate.
The above studies are not entirely in agreement with 
respect to the effects of repetition rate on the amplitude of 
the ABR at near-threshold levels.
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STATEMENT OF THE PROBLEM
The application of the ABR to the estimate of behavioral 
threshold requires the administration of many stimuli at a 
number of intensity levels. From a clinical efficiency 
standpoint, if a faster repetition rate could be used without 
causing difficulty in the detectability of the response, then 
the procedure would require less time. While studies tend to 
indicate that increased repetition rates cause some reduction 
in the wave V amplitude, the question remains regarding whether 
this reduction is greater than that of measurement error for 
repetition rates of less than 40 sps. In addition, it is 
unclear whether increased repetition at near-threshold levels 
of presentation would interact with the stimulus level (which 
itself causes a reduction in the wave V amplitude). The 
literature also fails to clarify whether any of these effects 
(repetition rate and level of presentation) interact in some 
way with the frequency of the stimulus. The present study is 
designed to provide preliminary data to suggest future avenues 
of research related to these problems.
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EXPERIMENTAL QUESTIONS AND HYPOTHESIS
The experimental questions are:
1. Does increasing repetition rate cause a significant
reduction in the amplitude of wave V at any frequency at
near-threshold levels?
2. If increasing repetition rate causes a significant 
reduction in the amplitude of wave V, is this effect
greater than the measurement error associated with the
amplitude of wave V at near-threshold levels?
3. Does increasing repetition rate cause a systematic
frequency-dependent effect on the amplitude of wave V?
The experimental hypothesis is that increasing repetition 
rate from 10 sps to 30 sps will not cause a significant
reduction in the amplitude of wave V of the ABR.
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METHOD
This section describes the methods which were used to 
investigate the effects of repetition rate on the amplitude of 
the ABR at near—threshold levels. The methods are divided into 
the following sections: subjects, subject preparation,
acoustic signals, response analysis and data analysis. A block 
diagram of the equipment used in this study is presented in 
Figure 1.
SUBJECTS
Eight subjects were used. All subjects met the following 
criteria :
1. Pure-tone air-conduction thresholds did not exceed 20-dB HL 
at octave frequencies from 250 Hz through 8000 Hz, and at 
3000 Hz and 6000 Hz. All thresholds were determined using 
procedures in accordance with specifications promulgated by 
the American National Standards Institute (ANSI, 
S3.21-1978). The audiometer was calibrated according to 
procedures specified in Appendix A, and conformed to 
current standard specifications.
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FIGURE 1
Simplified block-diagram of the instrumentation used in the 
present experiment: ES=electrode selector.
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2. Pure-tone air— and bone-conductlon thresholds must not 
differ by more than 10 dB at any audiometric test frequency 
from 250 through 8000 Hz.
3. Acoustic-immittance measurements were consistent with 
normal middle-ear function. Specifically, tympanometric 
peak-pressure points were equal to ambient pressure +, 500 
Pa, and acoustic-reflex were elicited at levels within 95 
dB of behavioral threshold at 500 and at 1000 Hz. No 
acoustic-reflex decay was present.
4. Case history was negative for middle-ear pathology and for 
retro-cochlear involvement.
5. Auditory adaptation of loudness did not exceed 30 dB.
SUBJECT PREPARATION
Gold-disc (10—mm cup) electrodes (Grass, Type E5GH) were 
placed on the subject's skin at the forehead hairline (+), and 
the neck hairline (-) (both of these electrodes were placed at 
the median saggital plane). The ground electrode was placed at 
the subject's wrist. Prior to the placement of electrodes, the 
skin was throughly cleansed with an abrasive electrode paste.
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The electrodes were filled with electrode paste 
(Hewlett-Packard, EC2 electrode cream), and attached to the 
skin with non-allergenic paper tape. Electrode impedances were 
determined using the impedance-measurement option on the 
electrophysiologic amplifier (Nicolet, HGA-200A) which uses a 
single scale indicator (0 — 20k Ohms) and measures the
impedance of the electrode pairs to a 20-Hz signal. 
Inter-electrode impedances did not exceed 3000 Ohms for all 
possible pairs of electrodes* The inter-electrode impedances 
were within 500 Ohms of each other for any given subject.
Subjects reclined on a hospital bed, in a quiet wing of a 
hospital. They were instructed to lie quietly throughout the 
testing.
ACOUSTIC SIGNAIS
Stimulus Envelope: The stimuli for the present experiment
were tone bursts at 2000 and 4000 Hz with a stimulus envelope 
characterized by three-period rise/fall times plus an 
additional plateau duration of 1 ms. The Nicolet P-300 
stimulator specifications for tone burst accuracy is +.3%, of 
the nominal frequency. These waveforms produce spectra that 
are equal on a log scale of frequency. Appendix F contains the
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spectra of the tone bursts utilized in the present experiment, 
as determined by Fast-Fourier Transform analysis.
Stimulus Intensity: The stimuli were presented to the
subjects at 15-dB SL. The subjects' thresholds for the stimuli 
were determined using an up-down adaptive technique. This 
presentation level was selected because it is a near-threshold 
level, yet at a sufficiently high level to permit a relatively 
easy detection of a response.
Transducers: The signals were passed through earphones
(Telephonies, TDH-50) mounted in neoprene-capped, Buna-S rubber 
cushions (MX-41/AR). The frequency responses of the earphones 
used in the present experiments are produced in Figure 2.
Stimulus Rate: The stimuli were presented at a rate of
10/s, 20/s and 30/s.
Analysis triggering: Each analysis sweep was triggered at
the onset of the stimulus.
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TEST PARADIGM
The order of repetition rate (10, 20 and 30 sps) was
counterbalanced such that each of the six permutations was 
administered to one of six subjects and two of the order 
combinations were administered twice (accounting for all eight 
subjects). The order of test frequency (2000 and 4000 Hz) was 
randomized across subjects. The three trials (or repetitions 
of test conditions) represented three consecutive conditions 
for all subjects.
RESPONSE ANALYSIS
The details of the instrumentation used to record and 
analyze the ABR on the subjects may be found in Appendix E.
Sensitivity: The maximum full-scale (bi-polar) voltage
that was averaged was 25 uV +.10%.
Artifact Reject: The instrument (Nicolet, CAIOOO) has a
buffer memory in which each individual digitized sweep is 
evaluated prior to being added to the averaged data in main 
memory. Voltages greater than 22.5 to 27.5 uV were rejected 
and not included in the averaging process. This setting was 
selected to avoid contamination of the auditory evoked
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potentials by muscle artifact.
Filtering: The response was band-pass filtered from 1 Hz
through 3000 Hz (half-power points).
Analysis time : The nominal total analysis time over which
each evoked potentials was nominally adjusted to 25 ms. The 
memory allocations will allow for 256 points and therefore, the 
actual analysis time was 25.6 ms, and each point (memory 
address of the averager) represented 100 us.
Analysis repetitions: For each average analysis, 4000
stimulus repetitions were used. This number was selected so as 
to maximize the ability to record a small response amplitude 
relative to the amplitude of the random background activity.
Response Amplitude: The response amplitude was measured
from the peak of Wave V (most positive voltage) to the trough 
following the Wave (the most negative voltage).
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DATA ANALYSIS
The amplitudes of the responses were recorded. There were 
two test frequencies, and three averaged responses obtained at 
each test frequency for each of the three stimulus repetition 
rates. An analysis of variance was used to determine whether 
there exist significant differences in the values of the 
amplitudes as a function of repetition rate, frequency and 
trial. Thus, a repeated measures design was used that involves 
a repetition rate by frequency by trial analysis.
The ABR waveform tracings obtained from each subject were 
analyzed also on the basis of the reliability of the response 
in the time domain. Each set of three tracings was classified 
into three types differentiated with respect to degree of 
superimposition of wave V. Waveforms were categorized as Class 
I if wave V of all three tracings coincided at the same point 
in time. Waveforms were placed in to the Class II category 
when the component wave V of two waveforms out of the three 
tracings occurred at the same point in time, and wave V of the 
third tracing did not coincide with the others. Waveforms were 
described as Class III if all of the wave V components of the 
three tracings occurred at distinctly different points in time. 
Examples of these Class types can be found in Figures 2, 3 and
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4. These examples represent responses obtained from subject 6 
(4000 Hz at 20 sps), subject 8 (4000 Hz at 10 sps) and subject 
2 (4000 Hz at 30 sps) respectively.
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Figure 3. Tracing exemplifying a Class II response. Wave V is 




















Figure 4. Tracing exemplifying a Class III response. The arrow 










EFFECTS OF REPETITION RATE ON THE AMPLITUDE 
OF WAVE V:
The first experimental question was: Does increasing
repetition rate cause a significant reduction in the amplitude 
of wave V at any frequency at near-threshold levels? To answer 
this question, data were gathered on eight subjects with normal 
auditory function, involving the acquisition of the ABR at 
repetition rates of 10, 20 and 30 sps at two frequencies (2000
Hz and 4000 Hz) with stimuli presented at 15-dB SL (re: each
subject's threshold for the tone bursts used to elicit the 
ABR). The data thus obtained are listed in Appendix B. An
analysis of variance (AHOVA) was administered to the data using
the computer software package SPSSx, on the University of 
Montana Computer System (DECsystem 20). The specific computer 
program used may be found in Appendix C.
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The details of the results of the ANOVA may be found in 
Appendix D, The ANOVA revealed that there were no main effects 
for repetition rate (df = 2, 126; F = 0.702; p < 0.498).
Thus, on the basis of the results of the ANOVA, the null 
hypothesis cannot be rejected (at the 0.05 level of 
confidence), and increasing repetition rate from 10 to 30 sps 
at near-threshold levels does not seem to affect the amplitude 
of wave V at either 2000 Hz or 4000 Hz.
The second experimental question, being dependent on an 
affirmative answer to the first is not relevant.
The third experimental question was: Does increasing
repetition rate cause a systematic frequency-dependent effect 
on the amplitude of wave V? The ANOVA listed in Appendix C , 
and the results listed in Appendix D, indicate that there was 
no two-way interaction (repetition rate with frequency, 
repetition rate with trial, frequency with trial). In 
addition, the results of the ANOVA indicated that there was no 
three-way interaction (repetition rate with frequency with 
trail). On the basis of these findings, the assertion that 
repetition rate has a frequency-dependent effect on the 
amplitude of the ABR wave V cannot be supported.
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RELIABILITY OF THE ABR AS A FUNCTION OF
REPETITION RATE AND FREQUENCY AT NEAR-THRESHOLD LEVELS
Data obtained regarding the reliability of the ABR wave V 
component, utilizing the previously described classification 
system are summarized in Table I. No repetition rate or 
frequency appeared to be more likely to yield a Class I, Class 
II, or Class III tracing set. The frequency of occurrence in 
terms of absolute reliability of the ABR (Class I) was 
approximately 42%. The present data indicated that there was 
an even probability of obtaining a Class II or a Class III 
response, and 59% of the tracings revealed that wave V was not 
replicable (in all three tracings) with respect to the time 
domain.
Table II shows the distribution of Class type for each 
subject. The data exhibited in Table II indicate that out of 
the eight subjects, two (subjects 1,6 and 7) demonstrated a 
preponderance of tracings within a given class type. Two of 
these (subjects 1 and 6) showed two thirds of their tracings in 
Class I, and the other (subject 7) showed two thirds of her 
tracings in Class III.
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
Page 37
TABLE I
FREQUENCY OF OCCURRENCE OF WAVE V RESPONSE
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TABLE II
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DISCUSSION
Auditory brainstem responses initially were considered to 
be an interesting scientific phenomenon but were not thought to 
be of significant clinical relevance (Terkildsen et al., 1978). 
Recording and analyzing procedures have been developed which 
enhance the signal-to-noise ratio, thus increasing the 
detectability of the ABR and rendering it more clinically 
useful. ABR testing has become a widely used clinical 
procedure and is especially useful in estimating hearing acuity 
in difficult-to test populations. The wide range of stimulus 
and response-recording parameters exhibited in the published 
research, and the attendant consistency of the ABR across
different laboratories and individuals researchers, confirm the 
robustness of the wave V component of the ABR.
With respect to the first experimental question, the 
results of the present experiment reveal no stimulus
repetition—rate effects at rates up to 30 sps at near-threshold 
stimulus intensity levels. With respect to the last two
experimental questions, varying repetition rate did not 
significantly influence the amplitude or detectability of wave 
V independent of stimulus frequency.
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One drawback of the design of the present experiment was 
the definition of the amplitude of the wave V component of the 
ÂBR. For the purposes of the present study, this amplitude was 
defined as the voltage difference between the peak of the wave 
identified as wave V and the trough that followed it. This 
working definition was based on a general consensus found in 
the published literature. However, a critical examination of 
the hard-copy tracings of the averages obtained revealed the 
possibility of a better definition. Specifically, some wave V 
components were exhibited by a relatively flat tracing, with a 
small positive peak immediately followed by a large trough. 
Other tracings, however, revealed a wave V component 
characterized by a large positive peak followed by a very small 
trough. For these tracings, the measured amplitude was small, 
but the detectability of the response was easy. From these 
observations, it becomes apparent that the detectability was 
related not only to the amplitude of the wave V component, but 
also to its morphology. In order to avoid misleading 
conclusions resulting from the unidimensional measurement of 
amplitude, a method that would incorporate the documentation of 
morphology should be devised.
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In an attempt to increase the sensitivity of the 
interpretation of ABR averages obtained at near-threshold 
levels, an innovative classification system was devised based 
on the repeatability of the wave V component in the time domain 
(based on three averages per condition). The results found on 
the basis of this classification system have profound and 
immediate clinical applications. Administering ABR to 
patients, using 10 sps at four intensities (a necessity in 
threshold testing) at three frequencies and to both ears, takes 
approximately three hours and 59 minutes. The time expenditure 
at 30 sps, using an identical test paradigm, entails 
approximately one hour and 20 minutes per patient. These time 
calculations include an artifact-reject constant factor of 1.5, 
but does not include the time expended in plotting the averages 
onto hard copy, nor interpretation of the results to the 
patient since these were assumed to be fairly constant, and 
independent of stimulus repetition rate. The results of the 
present study may be used to support the use of 30 sps for ABR 
testing. This application would result in a time saving of two 
hours and 39 minutes per patient relative to the 10 sps 
repetition rate. This reduction in test administration time 
may be expected to be accompanied by a reduction in cost for 
the service to the patient. The results of the study also
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indicate that this time savings could be accomplished without 
adverse effects on the detectability of the wave V component of 
the ABR. Even using the classification system, the data
indicated that there exists a large between subject variability 
in the ABR, as well as within subject variability. The data of 
the present experiment indicate that only 3 of eight subjects 
are likely to be classified predominantly in one class type.
Even for these three subjects, only two-thirds of the tracings
obtained were within a given class type, and the remaining 
one-third of their tracings were not confined to an immediately 
neighboring class type.
Future research on the effects of repetition rate of
stimuli for faster rates is not indicated since the fastest 
possible repetition rate, given the analysis time window (25 
ms) for the response, is 36 sps (the instrument, and most 
instruments, require about 1 ms for the purposes of storage of 
information in memory). The 25-ms time window is necessary 
because of the latency of the wave V component of the ABR for 
low-frequency test stimuli at threshold levels. It is unlikely 
that significant repetition-rate effects would be present at 
six more sps than the fastest rate examined in the present 
study.
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Although many authors maintain that ABR testing is a 
reliable, non— invasive, objective means of assessing the 
function of the peripheral auditory nervous system (Galambos, 
1978; Hecox et al., 1974; Davis, 1974), data acquired in the 
present experiment reveal that the ABR at near-threshold levels 
is not consistently replicable in the time domain. During 
threshold testing, some experimenters increase the number of 
stimuli per average in the event a questionable wave V ABR 
emerges (Thornton, 1984). Other examiners prefer to keep the 
number of stimuli per average constant and to repeat the test 
condition (Hayes and Jerger, 1982). The philosophy that seems 
to govern the latter group is that if two averages of 4000 
stimuli are used, and a replicable "bump" is obtained within an 
expected time frame, then a response is identified (the 
examineras eyeball is used to determine whether there is in 
fact a replicable bump). The philosophy governing researchers 
adhering to the former point of view is based on the assumption 
that the computer averaging programs (of instruments used to 
obtain the ABR) provide more consistent, objective, and/or 
accurate result than that obtained through the use of (the 
visual integration of multiple graphic displays of the ABR by) 
the human eyeball. The results of the present study have major 
implications for examiners adhering to the latter procedure.
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Specifically, the results of the present experiment demonstrate 
that in about one-third of the averages obtained at 
near-threshold levels, the wave V component of the ABR will not 
be replicable over three response averages. The 29% of the 
averages yielding irreproducible results at known 
supra-threshold levels represents a direct index of the 
false-negative rate of the ABR in threshold estimation. Under 
these conditions, since the present experiment was conducted at 
15-dB above threshold, and since most ABR threshold estimates 
are accomplished in 10-dB steps, the resulting over-estimation 
of the threshold will be on the order of 25 dB. This finding 
could result in a person with thresholds within normal limits 
as being identified through ABR as being afflicted with 
significant hearing impairment. Since the use of ABR for 
estimating auditory threshold typically is administered in 
patient populations for which thresholds cannot be obtained in 
any other way, it is difficult clinically to document the 
false-negative rate of the ABR in any other way than as an 
unplanned consequence of studies such as the present endeavor.
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In addition, there is an equal probability (29%) that the 
wave V component of the ABR will be replicable in two of three 
averages. Out of these, if experimenters restrict themselves 
to two tracings per test condition (instead of three averages 
as carried out in the present experiment), an unknown number 
will not be replicable in the first two averages. In the 
present study, the three trials for each experimental condition 
were consecutive. While the amplitudes of the wave V component 
for each trial were properly recorded as being associated with 
a given trial, it was not until the data analysis that the lack 
of replicability of some of the responses across trials was 
noticed. This finding emerged from the analysis of the 
hard-copy tracings of the averages, and the tracings from each 
of the three trials for a given condition were superimposed on 
one another. The tracing associated with a given trial number 
was not identified on the hard copies.
A possible consequence of not replicating the ABR more 
than twice, at near threshold levels, may be the 
over-estimation of the degree of hearing loss. Specifically, 
if an examiner is using the criterion for the presence of a 
response as being the replicability of the wave V component of 
the ABR in two consecutive averages, and fails to obtain that
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replicability at a given stimulus intensity, he will assert 
that the given stimulus intensity has failed to elicit an 
identifiable response, and therefore that the patient's 
electrophysiologic (and by association, auditory) threshold is 
greater than that intensity. This is an extremely important 
clinical consideration, since this electrophysio logical 
measurement is purported to facilitate early and accurate 
identification of hearing impairment. Often, the results 
obtained during ABR testing are used to determine the 
characteristics of the most appropriate amplification devices 
needed for a given patient. Over-estimation of the degree of 
hearing impairment conceivably could result in
over-amplification and possible subsequent damage to the 
residual hearing of a given patient (Hayes and Jerger, 1982).
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IMPLICATIONS FOR FUTURE RESEARCH
The present study has investigated the effects of stimulus 
repetition rate on the ABR at near-threshold levels. Although 
no repetition-rate effects could be documented, the effects of 
other stimulus parameters (such as rise/fall times, stimulus 
duration, and stimulus frequency) on the ABR remain to be 
investigated. A systematic examination of the effects of 
response-analysis parameters at near-threshold levels also 
remain to be undertaken. The published research appears to
have been almost exclusively restricted to the investigations 
of effects of contrôlable variables at relatively high 
intensity levels. All too often researchers vho have studied 
the ABR at such supra-threshold levels, have lead readers to 
believe that their results also were applicable to the 
recording of the ABR at stimulus intensities near threshold 
levels. It seems alarming that on the one hand these same 
researchers recognize that the ABR is affected by stimulus 
intensity and stimulus frequency in a non-linear fashion, but 
on the other hand, they appear willing to ignore the 
possibility that the effects of other parameters (stimulus or 
response analysis) might affect the ABR also in in a non-linear 
fashion.
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While the results of the present study may be used to 
increase the time—efficiency of threshold estimation using the 
ABR, the accuracy of threshold estimates from the ABR also
needs to be examined taking into consideration the fact that 
averages may not be as replicable at near-threshold levels. 
For example, if an examiner finds that two consecutive ABR 
averages fail to replicate some recognizable wave V, it may be 
necessary to undertake a third average at that stimulus level* 
Perhaps using the criterion of two replicable responses out of 
three averages would decrease the over-estimation of degree of 
hearing impairment while not increasing false under-estimation 
of the degree of hearing impairment* Such a false 
under-estimation might occur if some positive voltage occuring 
in a given time frame (approximating the expected wave V
latency) occured randomly in two of three averages.
As a direct result of the fact that unidimensional
amplitude measurements did not appear to be related to the
detectability of the response for some of the averages obtained
in the course of the present experiment, future research should 
focus attention on devising some standardized method of 
defining the ABR at near-threshold levels on bases other than 
amplitude measurements alone, or visual discrimination of the
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experimenter. For example, a measurement that would 
incorporate the magnitude of the ascending and descending 
slopes comprising the wave V peak may be useful.
As a result of the findings obtained in the current study, 
there may be a need to investigate the possibility that the 
manifestation of the wave V component of the ABR may be related 
systematically to the trial number. Specifically, if the 
central auditory nervous system (which presumably is 
responsible for generating the ABR) is a system that becomes 
sensitized by stimulation (this possibility already has been 
manifested in research associated with the acoustic reflex 
characteristics —  a phenomenon mediated by the auditory 
nervous system centers at the level of the brainstem) then one 
would expect a greater replicability of wave V between trials 2 
and 3 than between trials 1 and 2. If, on the other hand, the 
system exhibits some fatigue, then one might expect that the 
replicability of wave V would be greater between trials 1 and 2 
than between trials 2 and 3. This possibility seems unlikely 
in light of the considerable documentation in the literature 
which suggests that the ABR is not susceptible to fatigue (Don 
et al., 1977).
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Given that all of the averages of the ABR undertaken in 
the present study resulted from supra-threshold stimulation, 
and that even under these conditions, a substantial proportion 
of the wave V components were not replicable in any of the 
three trials, perhaps an investigation of results obtained with 
a larger number of trials per condition, or a larger number of 
stimuli per average (the three trials of 4000 stimuli averaged 
in each may be taken as equivalent to a single average of 12000 
stimuli) is in order.
Published research reveals that many investigators believe 
that the use of the ABR to obtain an estimate of thresholds 
constitutes an "objective” measurement (Galambos, 1978; Davis, 
1974; Glattke, 1983). This author questions the use of the 
term "objective" in this context because the ABR obtained in 
the course of the present investigation at near-threshold 
levels require that the examiner interpret "bumps" occuring 
within a predetermined time frame and displayed in graphic form 
as either constituting the presence or absence of a response. 
This clinical judgment is no different than the clinical 
judgment used in behavioral threshold tests that requires the 
examiner to assess whether the patient responded to a stimulus 
presented, or whether the patient's behavior was the result of
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.a non-stimulus related event. In that sense, the 
interpretation of the displays of the ABR is the result of 
subjective clinical judgement.
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APPENDIX A 
CALIBRATION PROCEDURES AND RESULTS 
AUDIOMETER CALIBRATION
The audiometer used in the present study, to determine 
whether the subjects conformed to the criteria for involvement 
in the present study was calibrated electroacoustically to 
conform to specifications promulgated by the American National 
Standards Institute [ANSI, S3.6-1969(R1984)]. In addition, 
routine listening checks of the audiometer and of the 
acoustic-immittance instrumentation were performed prior to 
testing each subject. The procedures followed for the 
listening checks were as follows (after Raffin, 1979):
Subjective Listening and Audiometer Checks
The purpose of the present protocol is to ensure a uniform 
method in the audiology clinic with respect to practices 
associated with the administration of audiometer listening 
checks.
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The first thing one should do upon obtaining an audiometer 
is to familiarize oneself with the contents of the User's 
Manual* Often, it is the case that such a manual also will 
contain guidelines for calibration procedures, although it is 
understood that national and international standards supercede 
manufacturer's recommendations whenever there is conflicting 
information between them. The method outlined below is one of 
many methodological approaches that may be used to conform to 
the recommendations of the American Board of Examiners in 
Speech Pathology and Audiology (effective February 19?6; D.M, 
Resnick, Chairperson, Professional Services Board of the 
American Speech-Language and Hearing Association). Follow the 
manufacturer's recommended procedures for installation and 
warm-up requirements.
I. If the audiometer does not appear to be functioning:
A. Check that the instrument is plugged properly into a 
powered outlet. Describe how you would demonstrate 
that the outlet is powered.
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B. Check the power cord for obvious (and not so obvious)
fractures, dislocations, and/or cracks. Do not attempt 
to mend any such defect(s) while the instrument is 
plugged in.
C. Check the fuse: Unplug the instrument before checking
the fuse. If the fuse is defective or "blown", replace 
it with a fuse that meets the manufactureras 
specifications.
D. Check the pilot lamp. When the instrument is powered,
this lamp should be illuminated. In some instruments,
this lamp is an integral part of the power circuit, and 
the instrument will not function when the pilot lamp is 
burned out.
E. Record your findings.
II. DIALS CHECKS
A. Check to ascertain that all dials are tight, not loose; 
or that all buttons function properly.
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B. Check to ascertain that all dials are in proper 
alignment.
Ill. TRANSDUCER CHECKS
A. Note the type of earphones, and the type of cushions
that are used with the audiometer. Ascertain that 
these are not incompatible, and that the output
impedance of the instrument matches the input impedance 
of these transducers.
B. Check the earphone case for cracks, and other signs of 
abuse.
C. Check the cushions for signs of cracks and
maladjustments. If the cushions are worn, they may not
provide a good acoustic seal against the ear, allowing 
some of the signal to leak out. If the cushions are 
not seated properly - if they are covering some of the 
earphone-grid holes - some of the signal energy may 
leak out or be absorbed into the cushion.
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D. Check the earphone grid for dislocations, warping, or 
signs of damage.
E. Identify the set screws for the input jacks on the 
earphones. These may work loose, causing intermittent 
contact and/or absence of the signal transmission 
through the earphone.
F. Check to ascertain that the earphones approximate each 
other, when the headband is held at center. When this 
is accomplished with the Telephonies, P3333 headband, a 
static pressure of approximately 5 N is delivered to 
the average adult head.
G. Ascertain that all transducer jacks are plugged into 
their proper instrument outputs.
H. Check the bone-conduction vibrator for signs of abuse. 
Note the make and model.
I. Ascertain that the stimulus frequency and intensity 
changes appropriately with pitch and loudness through 
the vibrator. For each audiometric test-frequency, 
determine the level at which one obtains a tactile 
sensation. Make notes of your findings.
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IV. TKANSDUCER-’COBJD(S) CHECKS: One way to determine whether a
cord is defective is to listen to a signal through the 
transducer while twisting and manipulating the cord. A 
defective cord may produce static (unwanted signals) or may 
cause the signal to be interrupted. The latter symptom 
also may be caused by a loose connection (in the 
instrument).
A. Listen to a 2-kHz tone at about 50-dB HL (re: ANSI,
1969;R1983). Listen for audible (you won't hear the 
inaudible) clicks when the hearing-level control, the 
frequency-selector control, and/or the tone switch each 
is manipulated. Flex the cord for each transducer 
while listening to the stimulus. Listen for any 
evidence of cord defects.
B. Check one earphone against the other at all frequencies 
at a comfortable listening level. Listen for 
differences in stimulus pitch, and/or loudness between 
the two transducers. Such effects may be the result of 
a defective earphone, cord, connection, audiometer, or 
even auditory system. The technique of checking one 
earphone against the other with one earphone on one 
ear, and the other earphone on the contralateral ear.
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may be valid only when one^s auditory functions for 
both ears are about the same.
V. FREQUENCY CHECKS
A. Set the tone switch such that the tonal stimulus is 
continuously activated. Set the hearing-level control 
to about 60-dB HL (or a comfortable listening level). 
For each test frequency, ascertain that a steady, 
non-wavering tone is delivered through each transducer 
of interest.
B. Manipulate the frequency-selector control while 
listening to the continuous tone. Listen for any 
scratching sounds. If there are some, consult Section 
VI-A-1 of this protocol.
VI. ATTENUATOR CHECKS
A. Set the instrument to 2 kHz, and slowly change the
hearing-level control from the greatest attenuation 
value, to a value that will deliver the greatest 
stimulus intensity that is tolerable to the listener. 
Listen for scratches, abrupt changes in loudness
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between any increment steps, and for other extraneous 
signals.
1. Scratching noises may be indicative of dust 
deposits on the contacts of the switch being 
manipulated. Rapid manipulation (without abuse) of 
the switch may displace the dust. If scratching 
persists, impose on your friendly electronic 
technician to clean the contacts and check the 
switch, assuming that this simplistic task will not 
overtax your intellectual and coordinative skills.
2. Abrupt changes in loudness (obviously inconsistent 
with the increment step) may be indicative of a 
faulty attenuator.
B. With the attenuator for one channel of the audiometer 
set at a value that will deliver the greatest stimulus 
intensity that is tolerable to the listener, alternate 
the tone (2 kHz) between the two channels but to the 
same earphone, and adjust the attenuator of the other 
channel to produce an equal loudness sensation. Change 
the attenuation of Channel One of the audiometer in 
10-dB decrements, and for each step, determine an equal
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loudness setting for the attenuator of Channel Two of 
the audiometer. The changes for Channel Two 
attenuation should equal those of Channel One (^5 dB), 
averaged over the entire range of attenuation.
VII. TONE-SWITCH CHECKS
A. This check may be accomplished at any level, but it 
will be easier to detect undesirable switching 
transients at the maximum output of the instrument, at 
any given frequency.
B. Set the frequency-selector control to 2 kHz, and set 
the hearing-level control for a tolerably intense sound 
pressure. The tone should "come-on" smoothly, when the 
tone switch is activated. There should be no audible 
clicks when the switch either is depressed or released.
C. The danger of an audible click resides in the fact that
the patient may respond to the click rather than to the 
test signal. Generally, clicks occur with activation 
of the tone switch because the rise-time of the 
stimulus is too rapid. Specifications promulgated by 
ANSI (S3.6-1969; R1983) stipulate that the tone should
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rise from —20 dB to —1 dB of the steady—state value in 
20 to 100 ms. This may be checked easily with an
oscilloscope.
VIII. HUH & NOISE
A. Set the frequency-selector control to 4000 Hz, and the 
hearing-level control to maximum tolerable (and safe) 
output.
B* Listen for hum or static noise, both when a signal is 
present and when it is absent. Such hums and noises 
should be inaudible when the signal level is ?0-dB SL.
C. Most commonly, hums that correspond to either 60 Hz or 
120 Hz, depending on whether the site of origin is 
related to the power supply, rectifier or filter, are 
indicative of a defective power supply circuit or 
element.
D. Low-frequency hum will be detectable most readily when 
the audio-frequency generator is set to a high 
frequency, why? If a faint tone having the same pitch 
as the stimulus is heard when the stimulus is not 
activated by the tone switch, where would the most
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likely site of the dysfunction be?
IX. CROSS-TALK
A. Cross-talk may occur between earphones. That is, the 
signal which is sent to one earphone may be heard in 
the contralateral earphone. Such a problem could 
affect greatly the measurements obtained with an 
instrument exhibiting this defect, especially for 
patients afflicted with unilateral hearing impairments. 
Cross-talk may be caused by faulty wiring, and may 
originate in the audiometer (most likely in the 
switching and matching network), or in the jack panels 
between the instrument and the transducer.
B. While the listener wears the head-set, one earphone 
jack is unplugged and replaced with a dummy load (a 
resistive network with similar impedance
characteristics as those of the transducer). With the 
hearing-level control set to the listener's threshold 
plus ?0 dB, the test tones should be delivered to the 
earphone that has been disconnected (Ld est. the 
electrical signal of the instrument is delivered to the 
dummy load). No signal should be audible to the
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listener.
C. Listen also for any signal leakage through the 
audiometer chassis. Such a defect is called radiation, 
and may be remedied best by a knowledgeable 
professional.
D. A final cross-talk check involves the masking circuit. 
Introduce a masking noise instead of a tone, and 
proceed as in Section IX,B of this method.
E. Introduce the masking noise into the connected earphone 
at a low intensity level. Pulse a tone into the dummy 
load. Variations in the masking noise should not be 
discernible.
MASKING-CIRCÜIT CHECKS:
A. Slowly rotate the masking attenuator from its minimum 
setting to its maximum tolerable setting, proceed as in 
Section VI, of this method.
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
Page 75
B. Repeat step X,A for each of the masking-noise types 
available on the audiometer.
C. Present a pulsating tone at a comfortable listening 
level (40-dB HL). Present the masking noise to the 
same earphone at minimum intensity. Slowly increase 
the noise level until the tone becomes just inaudible. 
Check this effective masking level with that provided 
in the instrument's calibration record, or calibration 
corrections.
XI. SOUND-FIELD CHECKS
A. With the listener seated at the calibration reference 
point of the test room, present a noise stimulus 
through each speaker separately. Check that the 
stimulus is delivered from the proper speaker, at a 
loudness level consistent with the presentation level.
B. Ascertain that speech signals are delivered through the 
microphone circuit of the instrument to each of the 
speakers at an appropriate loudness.
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C, Ascertain that signal from the tape recorder also may
be delivered to each speaker at appropriate loudness 
for any given intensity level.
XII. TAPE-RECORDER CBECKS
A. Ascertain that the tape heads have been cleaned and 
de-gaussed within the past three days. Refer to the 
Handout on Tape-Recorder/Reproducer for proper 
procedures for care and maintenance of these 
instruments.
B. Mount a tape with both sweep-frequency and a standard
1-kHz reference calibration playback tone. Ascertain 
that the sweep-frequency signal maintains a relatively 
constant deflection of the VU meter indicator of the 
audiometer, typically at about -10. Ascertain that the 
VU meter deflection does not exceed 0-VU for the 
steady-state 1-k Hz tone.
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XIII. X-Y PLOTTER
A. Set the audiometer to its Bekesy function (sweep 
frequency), and se t the frequency control to the 
lowest available frequency on the audiogram form. 
Ascertain that the X-Y plotter pen position is in 
alignment with the audiogram-frequency corresponding to 
the audiometer frequency. Adjustments for this check 
typically may be accomplished with the horizontal zero 
correction screws of the plotter.
B. Set the frequency control to the highest frequency 
position on the audiogram form. Ascertain that the 
plotter pen is superimposed on the appropriate 
frequency of the audiogram form. Adjustments typically 
may be accomplished with the horizontal high-level cal. 
correction screw.
C. Set the frequency-selector control to 1 kHz and 
ascertain that the X-Y plotter pen now is superimposed 
on the 1000 Hz of the audiogram form. This adjustment 
may be accomplished with the sensitivity (horizontal) 
correction screw.
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
Page 78
D. Repeat steps XIII-A through XIII-C until the X-Y
plotter readings match those of the audiometer 
settings.
E. For any given frequency, set the hearing-level control
to maximum attenuation. Ascertain that the plotter pen 
is at its proper position on the audiogram form. 
Adjustments may be accomplished typically with the 
high-level cal. correction screw.
F. Set the hearing-level control for maximum output, and
ascertain that the plotter pen now is at the bottom of 
the audiogram form aligned for the proper intensity
level. The pen adjustment may be accomplished with the
vertical zero-adjust correction screw.
G. Set the hearing-level control to 50-dB HL, and
ascertain that the pen is superimposed on the 50-dB 
line of the audiogram form. Changes in pen position
may be effected using the vertical-sensitivity 
correction screw.
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H. Repeat steps XIII-E through XIII-G until the X-Y 
plotter readings match those of the audiometer 
settings.
I. Note: The three adjustments (High-level cal..
Sensitivity, and Zero) interact.
Results: In every case, the audiometer met the above
specifications, or when it did not, the problem was repaired 
prior to the testing of any subject.
Frequency-Respcnse of the Earphones
The following procedure designed for the measurement of 
the sound pressure generated in an acoustic coupler by an 
earphone with a constant input voltage as a function of 
frequency was used (after Raffin, 1979).
Equipment Used; Audiometer Earphones (Telephonies, TDH-50)
Acoustic coupler (Type NBS-9A) [Bruel & 
Kjaer (B & K), Artificial Ear, Type 4152].
Beat-Frequency Oscillator (B & K, Type
1022).
Vacuum-Tube Voltmeter (VTVM), or digital





Pressure microphone (B & K, Type 4132 or 
Microphone-compatible cathode follower (B &
Graphic-Level Recorder (B & K, Type 2305).
Microphone Amplifier (B & K, Type 2603).
Background: ANSI S3.?, 19?3 (Method for Coupler Calibration of
Earphones) states that accurate measurements of the voltage 
(Ve), that is applied to the earphone and of the sound pressure 
in the coupler, are sufficient to calculate the 
constant-voltage response level (Nv), by the following 
equation:
Nv * Lp - 20 Log Ve, 
where Lp is the sound-pressure level developed in the coupler 
by the earphone, and Log is assumed to be to the base 10.
However, when a continuous record of constant-voltage 
response level as a function of frequency is required, the 
applied voltage is held constant and the coupler sound-pressure 
level is indicated on the chart of a level recorder that is 
synchronized with the source frequency, A source that has 
constant open-circuit voltage and therefore very low source
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Impedance consequently is used.
Preliminary Procedure: The cathode-follower (Type 2615) is a
vacuum-tube device especially designed for use with the B & K 
microphones. This instrument acts as a preamplifier and 
impedance-matching device (from high to low impedance). The
device will provide the microphone with the 200-V polarization
voltage necessary for its proper operation. Connect the
threaded end of the 2615 to the input coupling of the 4152
(artificial ear). Connect the other end (via cable) to the 
input socket of the 2603 marked "Condenser Microphone".
Screw the microphone cartridge (Type 4132 or 4144) to the 
coupler mounting-piece of the 4152.









0 dB (x 1)
LINEAR 2-40000 Hz
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Ascertain that the instrument is connected to the 
appropriate power-supply voltage. After proper connection, the 
2603 may be turned "on” by the switch marked ''POWER” on the 
front panel. The light on the meter scale should be 
illuminated immediately, and, after a warm**up time period of 
about two (2) minutes, the 2603 is ready for calibration.
Electroacoustic calibration of the system: A pistonphone
(exempli gratia, B & K, Type 4220) may be used to provide the 
reference sound pressure for the electroacoustic calibration of 
the system. The pistonphone, when fitted to a B & K 
microphone, produces a sound-pressure level nominally of 124-dB 
SPL, at 250 Hz. Check the barometric pressure from the 
barometer (that comes with the pistonphone system). Tap it 
gently to ascertain that the needle is not stuck. Note that on 
this barometer there are two (2) concentric circles, each with 
two scales (an inner and an outer scale). For the elevation 
associated with the Missoula location, it will be necessary to 
pay attention only to the scales associated with the inner 
circle. On the inner scale, note the barometric pressure (in 
microbar). On the outer scale, note the correction (in dB). 
This correction must be added to the expected output 
sound-pressure level of this pistonphone. The expected output
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sound-pressure level of any given pistonphone may be found on 
the manufacturer's calibration card that accompanies the 
pistonphone. Switch the pistonphone "on" to the "MEASUREMENT" 
position, then to the "CHECK" position. A distinct change in 
pitch should occur. If this change does not occur, check the 
batteries according to the manufacturer's recommended 
procedures in the User's Manual. With the pistonphone in the 
"OFF" position, gently and carefully insert it over the 
microphone. In so doing, DO NOT rotate pistonphone nor 
microphone. The 'Meter Range' and 'Range Multiplier' switches 
on the 2603 should be adjusted so as to be able to record the 
expected sound-pressure level output of the pistonphone. Turn 
the pistonphone to the "MEASUREMENT" position. Note the 
reading on the 2603 meter. Using a screwdriver, adjust the 
"SENSITIVITY-CONDENSER MICROPHONE" potentiometer for the 
correct reading.
Electrical Calibration of the 1022: Ascertain that the 1022 is
set to the appropriate power-supply voltage by means of the 
selector at the rear of the instrument. After connection, the 
instrument can be switched "ON" by the toggle switch marked 
"POWER" on the front panel. The dial lights on the meter and 
the frequency scales should be illuminated immediately. Allow
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6 Ohms/4 V or 
60 Ohms/12 V
(depending on earphone impedance)
Set the 1022 for a suitable deflection on the meter by 
adjusting the knob marked "OUTPUT LEVEL" (2/3—scale deflection 
of the meter needle is appropriate to maximize accuracy). 
Depress the "POWER FREQUENCY BEAT" button and hold it in while 
rotating the "FREQUENCY SCALE ADJUSTMENT FINE" knob very 
slowly, until large needle fluctuations occur. Continue this 
adjustment until the needle moves extremely slowly, and 
practically ceases motion. If the scale is widely out of tune, 
two points may be found where this occurs, only one of which is 
correct. Under these conditions, release the "POWER FREQUENCY
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BEAT" button, and turn the main scale pointer to 120 Hz (twice 
the mains frequency). If the instrument is tuned improperly, 
the meter needle will drop to zero. Then, the "FREQUENCY SCALE 
ADJUSTMENT FINE" must be re-aligned. If the other zero point 
cannot be found and is therefore outside the range of the 
"fine" control, align the variable capacitor marked "COARSE" 
with a screwdriver to yield a suitable reading, which should 
occur at some point between 4 and 6 on the FREQUENCY SCALE 
ADJUSTMENT FINE.
Artificial Ear: To enable acoustic measurements to be
accomplished on headphones used with audiometers, a 6 
cubic-centimeter (cc) acoustic coupler of NBS-9A type is 
included with the artificial ear. Sectional views of this 
coupler are shown in ANSI Standard S3.?, 19?3, Section 4.2. By 
unscrewing the normal protection-grid cover from the microphone 
cartridge, and mounting the coupler-adapter ring instead, 
measurements can be made in complete agreement with the 
standards. However, this leaves the microphone diaphragm 
vulnerable. To avoid risks of damaging the diaphragm, place 
the microphone cartridge into the artificial ear with its 
normal protective cover. However, corrections must be made 
then for the effects of the grid on the pressure impinging on
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the microphone diaphragm. The following table is taken from 
Figure A5 of the Instructions and Applications handbook for the 
B & K, Type 4152 Artificial Ear.
Frequency (Hz) Correction (dB)
50 - 99 0.8
100 - 149 O.f
150 - 400 0.8
500 - 900 0.6
1000 0.4






Screw the 6-cc acoustic coupler onto the coupler mounting piece 
of the artificial ear. Place one earphone with cushion such 
that it is mounted firmly atop the coupler. Under normal 
conditions, the retainer-spring attachment of the artificial 
ear would be used to provide the proper static coupling force 
of 500 g . However, since this is no longer possible due to 
vandalized indicators on the adjustable retaining-spring
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support scale, we shall use a mass of 500 g. Place the 500-g 
mass on top of the earphone and concentric with the earphone 
axis. Adjust the MATCHING IMPEDANCE switch on the 1022 to the 
position nearest the earphone''s input impedance. Connect the
earphone via a conversion cable (exempli gratia, phone-plug to 
double banana) to the output terminals marked "LOAD" on the
1022. Observe the polarity, the right terminal of the
double-banana output of the 1022 is grounded. Connect the VTVM
to the same terminal; id est, the VTVM is in parallel with the 
earphone. Ascertain that the 1022 is connected to the 2305 
with a proper cable (B & K, Type UB-0040).
Procedure: Select the desired pen and ink color cartridge.
Insert the pen onto the pen holder of the 2305, being careful 
not to bend the delicate holder. Connect the "OUTPUT RECORDER" 
terminal of the 2603 to the "INPUT" terminal of the 2305. Set 
the controls of the 2305 to the following positions:
Input Attenuator MAXIMUM ATTENUATION
Input Potentiometer 0
Potentiometer Range 50
Writing Speed 315 mm/s
Rectifier Response RMS
Lower-Limiting Frequency 20 Hz
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Paper Speed &
Drive-Shaft Speed selected to
synchronize output on the preprinted frequency paper with 
frequency on main dial of 1022.
Adjust the output of the 1022 to produce a 0.1-V (rms) input to 
the earphone, at 1 kHz. This may be monitored on the VTVM. 
Adjust the paper so that the pen tip of the 2305 rests on the 
20-Hz absicca reference of the graph paper. Manually rotate 
the "METER RANGE" switch on the 2603 counter-clockwise from the 
160 dB SL (+40 dB 1000 V) position counter-clockwise until a 
midrange needle-deflection is produced on the meter. If this 
is not possible, set the switch such that the needle deflection 
is less than 10 dB on the meter, and rotate the "RANGE 
MULTIPLIER" switch counter-clockwise to the -10 dB position. 
Note the sound-pressure level generated. Rotate the main 
frequency dial of the 1022 until a maximum needle deflection on 
the meter of the 2603 is noted. If the needle pegs the meter, 
adjust the "METER RANGE" and the "RANGE MULTIPLIER" as 
necessary to produce a needle deflection between 10 and 20 dB 
on the meter face of the 2603. For a TDH-39 earphone, the 
maximum output usually will occur near 6000 Hz. The input 
level of 0.1 V usually will produce a sound-pressure level
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measured in an NBS-9A acoustic coupler in the order of 95-dB 
SPL. Adjust the main frequency dial of the 1022 slowly, until 
the meter needle on the 2603 is superimposed on the 10—dB 
reading of the meter face. Adjust the "INPUT ATTENUATOR" and 
the "INPUT POTENTIOMETER" of the 2305 so that the pen tip rests 
precisely on the 40-dB line of the frequency graph paper. This 
line now represents the output SPL of the earphone as monitored 
by the meter reading on the 2603. Subtract 40 dB from this 
reading to obtain the reference baseline value for the 
ordinate. Set the "MAIN SCALE POINTER" of the 1022 to 20 Hz. 
Set the pen of the 2305 down on the paper. Turn the "AUTOMATIC 
SCANNING" of the 1022 to the "on" position. Turn the "MOTOR" 
toggle switch of the 2305 to "on", "PAPER DRIVE" to "on", 
SINGLE CHART setting.
Repeat this procedure for the other earphone. Fill in all 
information on the strip-chart paper, including the earphone 
manufacturer, model, serial number, date tested, input level 
(0.1—V rms), coupler type and serial number of the artificial 
ear, and microphone type and serial number. Label the ordinate 
in dB SPL. Compute and report the constant-voltage levels for 
each audiometric test frequency.
Results: The results of the frequency-response determination
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for each of the audiometer earphones are contained in Figures 
Â1 and Â2.
Measurement of the Audiometer Attenuator Linearity
The following protocol was used to determine the linearity 
of the attenuators of the audiometer (after Raffin, 1979).
Equipment Needed: Audiometer
Vacuum-Tube Voltmeter (VTVM) or multimeter. 
Pressure microphone [Bruel & Kjaer (B & K),
Type 4132 or 41441
Acoustic coupler, NBS-9A (B & K Artificial
Ear, Type 4152)
Microphone—Compatible Cathode Follower (B &
K, Type 2615)
Microphone Amplifier (B & K, Type 2603)
NOTE: The cathode follower and microphone amplifier systems
described above are destined to be used strictly to function as 
a sound-level meter system. Therefore, these instruments could 
be replaced by a sound-level meter.
Preliminary Procedures: Refer to the Departmental Protocol for
the Measurement of the Frequency Response of Earphones for the 
calibration of the instruments to be used. Additional






























2000 5000 10000 20C200 500
Frequency (Hertz)
1000100





































information is provided in the appropriate user's manuals.
Procedure: Completion of listening checks is assumed (see the
appropriate Departmental Protocol), as is adequate warm-up 
time. Place an audiometer earphone on the coupler. Connect 
the VTVM across the terminal to the earphone (so that the VTVM 
is in parallel with the earphone across the audiometer output 
terminal; you will need appropriate connector-conversion 
cables). For this procedure, the cable capacitance is assumed 
to be negligible. Set the audiometer for maximum output at 
1000 Hz. Read the voltage across the terminals of the earphone 
for this initial setting, and enter the value on the
Calibration Record for Attenuator Linearity Form, in the column 
headed "METER READING (dB)". Record also the sound-pressure 
level (Lp) in dB in the appropriate column. Change the
attenuator setting in 5-dB decrements, measuring and recording
the meter reading (from the VTVM) and the Lp (from the
microphone amplifier) for each attenuator setting. It is
common laboratory procedure to use the same test frequency for
the entire atténuator-linearity check. Unfortunately, the 
voltage across the earphone terminals usually is less than 1 uV 
when the test signal is 1000 Hz, and the attenuator is set to
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0-dB HL* In addition, most electronic VTVM cannot provide 
accurate measurements at such low signal levels. One solution 
to this problem is to change the test frequency from 1 kHz to 
125 Hz. Threshold for 123 Hz is about 38 dB less sensitive 
than threshold for 1000 Hz air-conducted signals. This means 
that the voltage across the earphone terminals will fall in the 
range of 80 to 120 uV for 125 Hz at 0-dB HL.
You will note that the attenuator-calibration record by 
implication instructs you to switch from 1000 Hz to 125 Hz at 
?0-dB HL. Be sure to decrease the sensitivity of your VTVM by 
some 40 dB prior to making this frequency change.
Now, continue your voltage and pressure measurements (in 
5—dB decrements) until you reach 0—dB HL. The final 
measurement should bring you to a point near the left end of 
the lowest (most sensitive) scale [0.001 V (full scale)] on the 
VTVM.
Enter each measurement on the calibration record. Compute 
the attenuator error in dB. Use a negative sign in front of 
the absolute magnitude of the error when the attenuator 
provided less attenuation than the nominal (expected) amount 
(usually 5 dB).
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Compute a clinical correction in dB for each attenuator 
setting for which the measured output differed from the nominal 
value (5 dB) by a factor of 0.5 times the decrement size (id 
est, anytime the error for a given decrement is greater-than or 
equal-to 2.5 dB). Refer to ANSI S3.6, 1969(R1983), Section
4.1.4.1 for specifications.
Datum points may be plotted to obtain a visualization of 
linearity.
NOTE: When attaining very small values of output, it is
possible that the measurement may be contaminated by background 
noise, or the noise floor of the instrumentation. The problem 
of the background noise may be reduced by introducing a 
band-pass filter centered on the test frequency prior to the 
sound-pressure level readings. The octave-band filters 
provided with the sound-level meter may be adequate for this 
purpose.
Results: The results obtained using the above procedure
indicated that the audiometer attenuators were linear to within 
0,5 dB in any 5-dB increment. The results of these calibration 
checks are contained in Table Al.
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TABLE Al
CALIBRATION RECORD FOR ATTENUATOR LINEARITY
1 MEASUREMENT 1ATTENUATOR DESIRED 1 SOUND 1ATTENUATOR 1 CLINICAL I
1 FREQUENCY 1 SETTING READING i PRESSURE i ERROR 1 c o r r e c t i o n !
1 (Hz) 1 (dB HTL) (dB) 1 LEVEL 1 (dB) 1 (dB) 1
1 S 9 S S S a « S 3 B 8 B S « B S S S 8 S a s S S
1 110 ///////I 124.4 Mnmnn !//////////1
1 105 119.4 i 119,6 1 -0,2 1 0 1
1 USE 1 100 114,4 I 114,2 1 +0.2 1 0 I
1 1000 Hz 1 95 109.4 1 109.4 1 0,0 0 I
1 UNTIL YOU 1 90 104.4 I 104,5 I -0,1 0 1
1 REACH 1 85 99,4 1 99,4 I 0.0 0 I
1 ?0-dB HTL 1 80 94.4 1 94.2 1 +0.2 0 1
1 f5 89.4 1 89.4 1 0.0 0 1
1 ?0 84.4 1 84.0 1 +0.4 0 I
1 ?o ///////I 124.0 Mimnin //////////I
1 NOW 1 65 119.0 1 119.3 1 -0,3 0 1
1 60 114,0 1 114,0 ! 0,0 0 1
1 bWlTuti
1 55 109.0 1 108,8 1 -0.2 0 1
I 125 Hz I 50 104,0 1 103.6 1 +0.4 0 1
1 FOR I 45 99.0 1 98,6 1 +0.4 0 i
I 40 94,0 1 93.6 1 +0.4 0 1
1 THE
1 35 89.0 1 88,9 1 +0.1 0 1
1 REMAINDER 1 30 84.0 1 83.9 1 +0.1 0 1
1 OF 1 25 ?9.0 1 ?8.8 1 +0,2 0 1
1 20 ?4.0 1 ?3.8 1 +0,2 0 1
1 THE
1 15 69,0 1 68.9 1 +0.1 0 1
1 MEASUREMENT j 10 64.0 1 64.0 1 0.0 0 I
1 5 59.0 I 59.1 I -0.1 1 0 1
1 0 54.0 I 54.4 1 -0.4 1 0 1
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Measurement of the
Sound-Fressure Output of the Earphones
The following procedures were used to determine the 
sound-pressure level output of the earphones (after Raffin, 
1979).
Equipment Needed: Audiometer
Sound-Level Meter (SLM) [Bruel & Kjaer (B & 
K), Type 2203 or Type 2218)
Artificial Ear (B & K, Type 4152)
Pressure Microphone (B & K, Type 4132 or
Type 4144)
Pistonphone (B & K, Type 4220)
500-g mass
Definition of Terms:
Monaural earphone listening: The reference equivalent
threshold level of an ear for a pure-tone signal of a specified 
frequency, for a specified type of earphone and for a specified 
way of application is the sound-pressure level (Lp) of this 
signal produced by the earphone in a specified artificial ear 
or coupler when the earphone is actuated by the voltage 
corresponding to the threshold of hearing of the ear concerned.
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For air conduction, the Lp is:
Lp = 20 Log (P/Po) 
where P is the measured sound pressure in Pascals (Pa), Po is 
the reference sound pressure (20 uPa), and Log is the logarithm 
to the base 10.
Hearing Level for pure tones : The hearing level for a pure
tone at a specified frequency, for a specified type of
transducer and for a specified manner of application, is the Lp 
of the signal set up by the transducer in the specified coupler 
minus the appropriate reference hearing-threshold level (HTL) 
for pure tones. The HTL of a given ear at a specified 
frequency is the threshold level at that frequency expressed as 
hearing level in decibels (dB HL).
Artificial Ear: An artificial ear is a device for the
measurement of earphone performance. It represents an acoustic 
impedance to the earphone equivalent to the impedance presented 
by the "average” human ear. It is equipped with a calibrated 
microphone for the measurement of the Lp developed by the
earphone in the coupler associated with the artificial ear.
Acoustic Coupler: An acoustic coupler is a cavity of
predetermined configuration which is used for the calibration 
of earphones in conjunction with a calibrated microphone to 
measure the Lp developed within the cavity. Preliminary
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Instructions: Administer a listening check to your audiometer
and record your findings, prior to the beginning of this 
calibration check. Take note of the above definitions taken 
from ANSI Standard S3.6, 1969(R1983). Modify your listening 
checks to conform to the following considerations [also taken 
from S3.6, 1969(R1983)]: Objective acoustical measurements may
be impractical for testing certain characteristics of
audiometer performance with respect to unwanted acoustic 
radiations. In such cases, the subjective listening checks 
that follow may be administered using no less than six (6) 
selected, otologically normal (in a normal state of health, 
free from all signs and symptoms of ear disease and from 
occlusive wax in the ear canal, with no history of ear diseases 
or exposure to noise likely to damage hearing) persons whose
HTL in both ears shall not exceed 10-dB HL for the test
frequencies of 250-4000 Hz, and not exceed 20-dB HL for the 
frequencies of 125, 6000 and 8000 Hz (these subjects shall 
comprise the test crew).
Subjective Tests Suggested for Supplementation of
Audiometer Performance Tests: No cross-talk shall occur at, or
below, the fO-dB SL setting of the test-tone attenuator for any 
member of the test crew. A test room is considered
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sufficiently quiet for the purposes of these tests if all 
members of the test crew are unable to detect any ambient noise 
during the test period, while wearing the disconnect headphones 
(earphones, cushions, headband assembly) of the test 
audiometer. The test crew shall wear the audiometer headphones 
with the test earphone disconnect (and the audiometer terminal 
properly loaded) and the opposite phone remains connected 
properly to the audiometer. The test tones shall remain 
inaudible in the connected phone at all audiometric frequencies 
and HTL settings up to and including the ?0-dB SL (re: the
threshold of the ear with the connected earphone) setting, with 
the tone switch in either the normally "on" or the normally 
"off" positions.
Unwanted Sounds from an Audiometer : Any sound due to the
operation of audiometer controls during the actual listening 
checks, or to radiations from the audiometer, shall be 
inaudible for any member of the test crew at any HTL setting up 
to and including 50-dB SL. Tests of unwanted noise shall be 
made in the absence of the presentation of a test tone. Tests 
of acoustic radiation from the audiometer shall be accomplished 
with the test crew wearing a disconnected earphone (and the 
audiometer terminal for that earphone being loaded with a
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resistive load equal to the impedance of the earphone at 1 
kHz).
Accuracy of Sound Pressure and Vibration Leve1s; The 
sound pressure produced by the earphone(s) or the vibrations 
from the bone-conduction vibrator as referred to the reference 
equivalent threshold-level shall not differ by more than dB 
from the indicated value at any setting of the hearing-level 
control at the indicated frequency from 125 through 4000 Hz, 
nor by more than +_5 dB at 6 and 8 kHz. If more than one 
channel for signals can be connected simultaneously to a single 
transducer, the output level of the signal from the transducer 
with both channels connected shall differ by less than 1 dB 
from the level obtained when only one channel is connected. 
This requirement shall be met at frequencies of 125 through 
4000 Hz, and a tolerance of +.2 dB shall be applied for other 
frequencies. These tolerance-specifications shall apply to 
levels up to an including 20 dB less than the maximum output 
level of the audiometer at the indicated frequency for the 
indicated transducer.
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Supra-Aura1 Earphones (earphone-cushion assembly): The
earphone shall be so designed that it permits a close sealing 
of the ear, with a well-defined enclosed air volume. It shall 
possible to obtain a high degree of accuracy in the 
positioning, and consistency in the force of application of the 
earphone to the ear, using a suitable headband or equivalent 
means. The headband shall exert the static force necessary to 
make applicable the calibration provided with reference to the 
audiometer. The earphones shall be calibrated using the 
artificial ear or an acoustic coupler. If an MX-41/AR cushion, 
(or one similar) is used, a National Bureau of Standards (NBS) 
Type 9A coupler may be used. Reference threshold levels for 
earphones other than the TDH-39 or the TDH-49 are provided in 
the standard.
Other Transducers : Some transducers may be equipped with
circumaural cushions, or may consist in insert earphones, or 
loudspeakers, and therefore are not amenable to calibration 
using the NBS-9A coupler. Two methods are provided to 
determine reference equivalent sound-pressure levels. 
Loudness-Balance Method: With this method, a voltage that will
produce a moderate loudness level (preferably between 20- and 
30-dB SL) is applied to the input terminal of the reference
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earphone (one whose reference values are specified in the 
current standard). The standard reference earphone and the 
test earphone are applied alternately to the same ear and the 
voltages necessary at the terminal of the test earphone to 
produce the same sensation of loudness as that from the
standard reference earphone are ascertained. The standard
reference earphone is placed on a standard acoustic coupler and 
the voltages established during the real-ear measurements are 
applied to the input terminal of the earphone. The Lp
generated in the coupler by the earphone activated by those 
voltages is determined. The test earphone then is placed on an 
acoustic coupler, and the procedure is repeated. The Lp
developed in the coupler then are used to transfer the 
reference equivalent threshold values of the standard reference 
earphone to the test earphone using the specified coupler. 
Threshold-Determination Method: With this method, the standard
reference earphone is applied to the test ear and the voltages 
necessary for a threshold judgment are recorded for each test 
frequency. The test transducer then is applied to the same ear 
and the process is repeated. The standard reference earphone 
is placed on a standard acoustic coupler, and the voltages 
established during real-ear threshold determination are 
increased by ?0 dB, and applied to the input terminal of the
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earphone. The test earphone then is placed on an appropriate 
coupler, and the procedure is repeated. The Lp developed in 
the appropriate couplers then are used to transfer the 
reference equivalent threshold values of the standard reference 
earphone to the test earphone and specified coupler. For a 
standard reference earphone, standard Lp applicable to a type 
of coupler other than those specified in ANSI standards, can be 
obtained by a direct comparison of the pressures generated in 
the two couplers.
Preliminary Procedure Using 
the B & K, Type 2203
Description: This sound-level meter is designed as a single
self-contained compact unit containing the necessary circuits 
for precise sound-level measurements including a condenser 
microphone, a cathode follower and voltage supply for the 
microphone, an amplifier with attenuators, weighting networks, 
rectifier and meter circuits, an internal calibration signal 
source and a power supply with battery compartment.
Condenser Microphone: This microphone consists of a thin metal
diaphragm suspended on a housing, a backplate which is 
insulated from the housing, and a protection grid. The 
diaphragm and the backplate constitute the electrodes of a
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capacitor which is being charged by means of a DC polarization
voltage. The charging time constant is high enough so that,
for the frequency range of interest, the electrical charge on 
the capacitor will be constant. When the distance between the 
diaphragm and the backplate is varied due to variations in the 
pressure in front of the diaphragm, the capacitance of the 
system will vary, and as a consequence so will the voltage 
across the capacitor. This voltage variation is fed through 
the cathode follower to the amplifier and meter circuit, 
indicating that a change in pressure has taken place. However, 
to make the microphone insensitive to slow variations, a 
pressure equalization is introduced in the circuit. This 
system takes care of variations in static pressure (id est, it 
equalizes the pressure on the front and the back of the
diaphragm when the speed of variations is less than 1 Hz. To
ensure operational stability over a wide range of ambient 
pressures, temperatures and humidity, the microphone diaphragm 
and housing are made of materials having identical temperature 
coefficients, and the backplate is insulated from the housing 
to ensure a high leakage resistance. Each microphone is 
supplied with a calibration chart giving technical 
specifications and a specific frequency-response curve.
Cathode Follower and Polarization-Voltage Supply: The low
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internal capacitance of the microphone requires a high input 
impedance of the following amplifier stage to ensure minimum 
loss in sensitivity. Thus, a cathode-follower stage has been 
introduced between the microphone and the amplifier of the 
sound— level meter. This contains a low—noise pentode, coupled 
as a cathode follower, which ensures an input impedance of 
about 300 MOfams. Â subsequent transistor stage ensures a low 
output impedance (250 Ohms) and a constant attenuation in the 
cathode—follower circuit of 0.8 dB. A high-frequency generator 
provides a DC polarization voltage of 200 V to the microphone. 
Amplifier: The amplifier consists of three stages, each of
which has negative feedback to provide stable operation. The 
overall amplification is 100 dB. The amplification can be 
altered a few dB by means of the "Sensitivity Adjustment", 
which changes the feedback of the first stage. To minimize the 
internal noise, the 120-dB attenuator has been divided into 
three parts (one each preceding each stage of the amplifier) 
two of which are ganged, thus resulting into two attenuation 
controls. These concentric knobs are connected in such a way 
that only one reading is necessary to obtain correct 
information. Since the ful1-deflection of the meter at the 
most sensitive range is 10 uV, this range should be used in 
conjunction with a band-pass filter.
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R^®ctifier and Meter Circuit: After being amplified, the signal
from the microphone is fed to the rectifier circuit and thence 
to the meter. The rectifier is a full-wave rectifier meeting 
the specifications promulgated in lEC standards for sound-level 
meters (subsequently adopted by ANSI), and providing a 
rectified signal which corresponds to the RMS value of the 
input. The DC voltage is fed to a moving-coil meter which 
includes a damping circuit that can be switched to give two 
different dampings for the meter.
Power Supply: Because of the variation in battery voltage from
fresh to used batteries, a stabilization circuit is employed 
before the voltage is supplied to the 1-kHz DC converter which 
"transforms" the DC voltage from the batteries to the required 
voltage levels. The battery compartment allows for 3 1.5-V
cells (USA label D), and insertion must agree with the 
polarization indicated in the compartment. The center cell 
should be removed first, when removal is necessary, and 
inserted last. The battery compartment is located at the 
bottom of the instrument, and its cover is secured with screws. 
Battery Checks: Set the center knob to BATT., and pull knob
out. On the meter face, the needle pointer should deflect to 
within the red area marked "Battery", indicating that the 
batteries are providing enough current for proper function of
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the instrument.
Electrical Calibration Check: Set the function knob to LIN.
and pull out. Adjust the two concentric attenuator knobs so 
that the "Ref.** mark appears in the red circle. The meter 
pointer should now deflect to a value on the upper red scale 
equal to the K factor of the microphone employed (obtainable 
from the microphone's calibration chart). If it does not,
Adjust the sensitivity adjustment (ADJ.), until the said
condition is obtained. The instrument now is ready for use. 
Acoustical Calibration Check: Check the pistonphone according
to procedures promulgated in the Protocol for the Measurement 
of the Frequency Response of Earphones. Place the pistonphone 
on the microphone of the sound-level meter (with its protection 
grid). Ascertain that the pistonphone fits tightly on the 
microphone without twisting either instrument. Set the 
Function Knob of the sound-level meter to "Lin." on the "Fast" 
side. Adjust the transparent attenuator knob fully clockwise. 
Rotate the black attenuator knob until "120" (id est, the 0-dB 
reading on the meter face represents an Lp of 120-dB SPL) is in
the red circle. The meter-pointer deflection should now agree
with the expected reading from the pistonphone. If it does 
not, adjust the ADJ. potentiometer until the correct 
deflection is obtained. The instrument now is ready for use.
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Preliminary Settings: The function knob should be set to
"Lin." "Fast". The attenuator knobs should be set so that the 
"120" mark is in the red circle. Pull out the function knob 
(after 30 seconds warm-up period, the instrument is ready for 
use). Rotate the black attenuator—knob until a meter-pointer 
deflection between 0 and 10 is obtained. The two attenuator 
knobs function as meter-range controls. PROCEED TO THE 
PROCEDURE SECTION.
Preliminary Procedure Using 
the B & K Type, 2218
Description: The precision integrating sound-level meter Type
2218 contains a condenser microphone, a removable input 
amplifier stage, an amplifier section with Â-weighting filter, 
an attenuator, an overload indicator, and in- and outputs for 
external filters. This is followed by an autoranging 
attenuator, and a logarithmic RMS detector circuit with a 
moving-coil meter. From the log. converter in the logarithmic 
mean-square detector, a signal feeds to the Leq calculation 
circuit which contains counters and memories for noise dose and 
time and a display. The removable input stage has an extremely 
high input-impedance (greater than 1 GOfam) to match the high
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Impedance of microphones and accelerometers. The output 
impedance is low to allow extension cables to be inserted 
between input stage and sound—level meter and to minimize 
effects of cable capacitance on the measurements. Following 
the input stage, is the A-weighting network which is 
distributed on both sides of the "RANGE" attenuator; a switch 
allows selection between "A" and "Lin" frequency weightings. 
The attenuator has three ranges, each shifted 20 dB in order to 
cover the full measuring range from 25 to 145 dB. An overload 
indicator monitors the input signal-level and the output to 
"Ext.Filter" and will cause an LED lamp to flash when overload 
occurs. Between the two following amplifier stages, external 
filters can be inserted providing the possibility of making 
frequency analyses, even on A-weighted signals, An AC output 
from the last amplifier stage allows connection of external 
registration equipment (such as a frequency counter). The 
signal now feeds to the autoranging attenuator which extends 
the dynamic range of the detector circuit (and Leq-calculation 
circuit) from 63 to approximately 83 dB. The detector, which 
is a logarithmic RMS detector, gives true RMS detection. It 
has the three standardized time constants "Slow", "Fast", and 
"Impulse" and a peak-hold feature. The DC output from the 
detector is intended for use with level recorders and provides
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a DC voltage proportional to the dB value of the measured 
signal with the full dynamic range (80 dB) of the sound-level 
meter. The meter covers a 50—dB range which, by means of the 
"METER RANGE" switch, can be shifted 30 dB to cover the full 
80—dB range of the detector circuit. The measuring range is 
displayed in windows on the meter scale in accordance with the 
setting of the "METER RANGE" switch and the "RANGE" attenuator, 
in order to avoid reading errors. Power is supplied from 3 
alkaline batteries (lEC Type R-20, which are equivalent to USA 
label D cells) which will provide approximately 25 hours of 
continuous operation. When required, this instrument also may 
be operated from an external DC supply of +4 V to +8 V via a 
?-pin DIN socket. If supply voltage falls to a level less than 
+3 V, the "STAND-BY" lamp will be illuminated, the measurement 
will stop, and a built-in long-life battery will be switched on 
automatically to protect the content of time and dose counters. 
Access to the battery compartment is gained by sliding the rear 
cover off the instrument. The batteries should be inserted 
with polarities as shown in the battery compartment. The 
batteries should be removed from the instrument when it is not 
to be used for a long time, to prevent the possibility of 
damage caused by battery leakage. For easy and accurate 
electrical calibration, a 1 kHz reference generator is built
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in.
Battery Check: Before calibrating the 2218 and before
measurements, and also during long-term measurements, a battery 
check should be carried out. The battery check can be carried 
out as follows: Press the "BATT. CHECK" button and check on
the meter panel that the meter needle deflects within the 
"BATT." indication on the meter scale. If this is not the 
case, replace the batteries according to directions contained 
in the appropriate Instruction Manual. Note that when the 
built-in long-life battery is switched on automatically as 
battery voltage falls to less than 3 V (loaded condition) the 
load on the batteries also is switched off. Consequently, a 
meter-needle deflection within the "BATT." range on the meter 
scale can be obtained when checking the battery condition. 
This deflection indicates only battery voltage in the unloaded 
condition and should therefore not be taken as an indication of 
the actual condition of the batteries. The condition of the 
long-life battery is checked in the following manner: Make an
Leq measurement (at least 2 minutes) then set the 2218 to 
"STAND-BY". Note the reading on the display, and slowly pull 
off the battery cover until the reading on the display 
disappears. Push the battery cover back in place; the reading 
on the display should now re—appear and have the same value as
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before (+0.1 dB), If the readings differ by more than i.0.1 dB, 
the battery should be exchanged according to directions in the 
appropriate Service manual. Mounting the Microphone: While
there are several methods of mounting the microphone, several 
general considerations need to be mentioned. When connecting 
or disconnecting the microphone, ensure that the instrument 
power is turned "off". In dry weather, static electricity 
should be discharged before fitting or removing microphones. 
Only light finger torque should be applied to the microphone, 
extension cables etc... Dust and foreign should be kept off 
these $?00 microphone-diaphragms, which should not be touched 
with any objects. Dry and preferably warm conditions are 
recommended for storing the instrument and its accessories. If 
the input stage (ZC-000?) has been disconnected from the 
extension rod (UÀ-0196), insert the input stage into the input 
stage socket and secure it by turning the threaded retainer 
ring. Mount the adapter ([DB-03?5l that allows a one-inch 
microphone to be used) by screwing it onto the flexible 
extension rod (UA-0196). Screw the extension rod onto the 
input stage. Screw a one-inch microphone (such as the Type 
4144) onto the adapter.
Acoustical Calibration: Check the battery condition of the
pistonphone (B & K, Type 4220) and determine the expected Lp
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according to specifications promulgated in the Protocol for the 
Measurement of the Frequency Response of Earphones. The 
acoustical calibration has the advantage of checking the entire 
instrument, including the microphone. Set the controls on the 
2218 as follows:
METER RANGE Upper
RANGE 45 - 125
WEIGHTING NETWORK Lin.
METER FUNCTION Fast
EXT. FILTER switch Out
STAND-BY Off
POWER Off
Adjust the METER MECHANICAL ZERO ADJUSTMENT screw with a small 
screwdriver until the meter needle lies at the extreme 
left-hand end of the meter scale, without parallax. Attach the 
input stage, microphone, and extension cable assembly. Switch 
POWER to "On**, and allow approximately 8 seconds of warm-up 
(STAND-BY lamp extinguishes at the end of the warm-up period). 
Place the pistonphone on top of the microphone (with its 
protective grid) and insert it firmly without turning either 
instrument. Turn the pistonphone to its MEASUREMENT position. 
Adjust the GAIN ADJ. potentiometer with a small screwdriver to 
give the appropriate meter reading. Operate both SYSTEM RESET
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switches (Lax and BATT. CHECK) simultaneously and once* After 
approximately 10 seconds, set the instrument on STAND-BY, and 
check that the digital display yields the same reading as the 
meter (+0.2 dB). The 2218 now is calibrated and ready for use. 
Calibration Using the Internal Reference Voltage: The internal 
reference voltage of 1 kHz, stable within +0.2 dB, is applied 
to the input of the first internal amplifier (succeeding the 
input stage ZC—000?), whose gain is adjusted by means of the 
GAIN ADJ. potentiometer to make the sensitivity of the 2218 
correspond to the open-circuit sensitivity of the microphone in 
use. This arrangement excludes both microphone and input stage 
(unity gain) from the calibration. Set the controls of the 
2218 as follows:
METER RANGE Lower
RANGE 65 - 145 (Cal.)
WEIGHTING NETWORK Lin., or A
METER FUNCTION Cal.
EXT. FILTER switch Out
STAND BY switch Off
POWER Off
Adjust the METER MECHANICAL ZERO ADJUSTMENT screw with a small 
screwdriver until the meter needle lies on the extreme 
left-hand end of the meter scale. Attach the input stage.
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microphone and extension-cable assembly. Switch POWER to "On"
and allow approximately 8 seconds for warm up. Adjust the GAIN 
ADJ. potentiometer until the meter needle lies exactly over 
the K-factor value for the microphone used. If the required K 
factor lies outside the range of adjustment (+,6.3 dB), adjust 
for a K factor of 0 and add the R factor of the microphone to 
all readings from the meter or the display. Operate both 
SYSTEM RESET switches simultaneously and once. After 
approximately 10 seconds, set the instrument on STAND-BY and 
check that the digital display gives a reading of 90 dB + K 
factor ( ^ . 2  dB). This completes the electrical calibration 
and the 2218 is ready for use.






reading without flashing overload lamp.
PROCEED TO THE PROCEDURE SECTION OF THIS PROTOCOL
Procedure
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Output Reference Sound-Pressure Level: Repeat the following
procedure for each earphone. Place the earphone securely on 
the acoustic coupler after the coupler (with microphone) and 
artificia1-ear assembly have been connected to the sound-level 
meter. Place the 500—g mass on top of the earphone and 
concentric with the earphone axis. Repeat the following 
procedure for each frequency. Measure the Lp produced in the 
coupler when the audiometer attenuator is set to ?0-dB HL (this 
level is purely arbitrary). Enter the measured Lp on the 
Calibration Worksheet for Audiometer Earphones: Output SPL in
the column appropriate for the test frequency on the first row 
(labelled "Output SPL (dB)", and numbered "1"). Enter the 
audiometer dial setting on Row 2. Enter the microphone 
corrections (obtained from the frequency-response curve of the 
specified microphone by adding or subtracting the appropriate 
number of dB necessary to result in a flat frequency-response 
across all frequencies). Compute the nominal sound-pressure 
level (Row three) by subtracting the audiometer dial setting 
(in dB HL) from the measured Lp (in dB SPL) in the coupler. 
Compute the corrected nominal reference sound-pressure level by 
algebraically summing the equipment corrections (Row 4) with 
the nominal reference sound-pressure level (Row 3), and 
enterring the result in Row 5. Enter the ANSI-specified
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reference sound-pressure levels for the specified earphone in 
Row 6. Compute the calibration error by subtracting the 
ANSI-specified levels from the corrected nominal levels. Enter 
the clinical correction on Row 8 such that a negative sign is 
used to indicate that the audiometer output is too weak [less 
than the desired (ANSI specified) levels]. This clinical 
correction is simply the calibration-error value rounded to the 
nearest 5 dB. "Build** a clinical correction notice, and tape 
it prominently to the face of the audiometer.
Frequency Accuracy: Additional Equipment Required: Frequency
Counter
Connecting Cables 
You may check the accuracy of the frequency generator of any 
given audiometer either electrically (by connecting the 
frequency counter across the earphone, with appropriate cables) 
or acoustically (by connecting the frequency counter to the 
output of the sound-level meter, with a different set of 
appropriate inter—connection cables). Current ANSI standards 
specify that the audiometer shall generate pure tones of 
various frequencies that shall be accurate to within +.3%. Turn 
the frequency counter "On" with the power switch. Adjust the 
frequency count to 1 (second) and the sensitivity of the
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frequency counter to obtain a consistent reading. For each 
frequency, enter the measured value above the nominal frequency 
notation on the Calibration Worksheet for Audiometer Earphones. 
If the measured frequency differs from the nominal frequency by 
3% or more, fill out a work order for the electronic 
technician, and place an appropriate notation prominently on 
the audiometer face.
Results: The output sound-pressure level produced by the
audiometer through the clinical earphones were within the above 
specifications and met all specifications of current ANSI 
standards.
Bone-Conduction Calibration
Bone-conduction calibration was accomplished in accordance 
with ANSI specifications (ANSI, S3.13-1972; ANSI, S3.26-1981; 
ANSI, S3.6-1984), using an artificial mastoid (Bruel & Kjaer, 
Type 4930). The results indicated that the
audiometer/bone-conduction vibrator (Radioear, Model B-71) 
conformed to current specifications. The following procedures 
were followed (after Baffin, 1979).
Introduction to the Calibration of Audiometer Bone Vibrators: 
Any clinic which has the equipment to calibrate air-conduction
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earphones can adapt that equipment to bone—vibrator calibration 
by simply adding the artificial mastoid to the system.
Basically, all that is needed is an oscillator to drive the
bone vibrator and a voltage—measuring device to measure the
output from the artificial mastoid. An audiometer may be used 
to drive the bone vibrator, and either a sound-level meter or a 
microphone amplifier may be used to measure the output from the 
artificial mastoid. Refer to ANSI Standard S3.13-1972 for all 
those aspects which will need to be calibrated. Note that the
standards specify that the bone vibrator shall have a
contact-tip area of 1.73 sq.cm. The static coupling force also 
is specified on the human head as 5.4 N (550 gm.).
The lastest draft of revisions to ANSI Standard S3.6-1969 
contains the following specifications concerning
bone-conduction calibration. The contact area of the bone 
vibrator shall be a circular plane of 1.75 sq.cm. (the 
Radioear, B-70 bone vibrator used in the present experiment 
meets this specification), and within 10% of that value. The
headband shall provide a static force of 5.4 N within 0.5 N.
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The Standard Reference Equivalent Levels are given in the 
ANSI Standard S3.13-1972, and shall still apply. However, you 
may note that the attached calibration form does not conform to 
these standard specifications precisely. Refer to the Wilber 
article in the Journal of the Acoustical Society of America. 
Equipment Needed: Audiometer with bone-conduction vibrator.
Artificial Mastoid (B & K, Type 4930).
Microphone Amplifier or sound-level meter.
Procedure: A chart of sensitivity as a function of frequency
of the artificial mastoid at a constant force is provided with
the mastoid. Refer to this chart for part of your equipment
corrections, and enter the appropriate values on the
Calibration Worksheet. Calibrate the sound-level meter or the
microphone amplifier as per calibration protocols for
audiometers. Connect the output of the artificial mastoid to
the input of the sound-level meter. Place the bone vibrator
co-axial with the mastoid pad, and completely flush with the
NOTE: For precalibration of the mastoid with a
sound-level meter, refer to the "Force Sensitivity" 
given on the calibration data sheet provided with the 
mastoid. This value should be between 80 and 145 mV/N.
Refer to Figure 3.4A of the User's Manual and find the 
equivalent K-Factor. To adjust the artificial mastoid 
to the sound-level meter, set the sound-level meter to 
"Ref." and turn the "Adj." potentiometer until the 
needle of the meter lines up with the microphone 
K-Factor just determined. The meter now is set to read 
force levels directly in dB re: 1 dyne.
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
Page 122
surface of the pad. Place the loading arm on the bone
vibrator. Set the level indicator on the plate with the 
cut-away part of the steel disc flush against the mastoid. 
Slide the black plastic disc up the level indicator until it 
lines up exactly even with the loading arm. Raise the loading 
arm and remove the bone vibrator from the mastoid. Connect the 
spring balance to the screw-fitting in the loading arm. Pull 
the assembly upward with the spring balance until the loading 
arm once again is level with the indicator. Read the static
load on the spring balance. The load can be adjusted with the
static-load adjustment on the mastoid. The height of the
loading arm also can be adjusted using the locking screw.
Ideally, the loading arm will be level when the bone vibrator 
is in place with the proper load applied. The proper load is 
given in the standards. Replace the bone vibrator on the 
rubber surface of the mastoid pad, and repeat this procedure
until the proper load is obtained.
Set the audiometer hearing-level control to 10 dB less
than the maximum output for bone conduction. Read the output
of the bone vibrator from the artificial mastoid on the 
sound-level meter. Record your findings on the Calibration 
Worksheet for Bone Conduction.
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The latest draft of ANSI Standard S3.6-1969 specifies that 
harmonic distortion for bone conduction shall not exceed the 
following limits: At 20—dB HL for 250 Hz, the second harmonic
shall not exceed 10%, 5% for the third harmonic, and 4% for the 
higher harmonics. The total harmonic-distortion shall not 
exceed 12%. For 500 Hz and 750 Hz, at 50-dB HL, the values are 
5% for the second harmonic and 2% for the third harmonic and 
higher harmonics, and a maximum of 6% is specified for total 
harmonic-distortion. For 1000 Hz through 4000 Hz, at 60-dB HL, 
the values are 5% for the second harmonic, 2% for the third and 
higher harmonics, and 6% for total harmonic-distortion.
Connect the output of the artificial mastoid to the 
frequency analyzer, and proceed as in the Harmonic Distortion 
procedures specified for audiometer air-conduction calibration. 
The output of the mastoid should be connected to the "Input 
Amplifier" terminal of the analyzer. This instrumentation 
should be calibrated electrically prior to usage. The values 
given below should facilitate the conversion of decibel to 
percentages of harmonic distortion:
Level Distortion Level Distortion
-IdB 90% -21dB 9.0%
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-2 80 -22 8
—3 71 -23 7
—4 63 -24 6.3
-5 56 -25 5.6
—6 50 -26 5
-7 45 -27 4.5
-8 40 -28 4
-9 36 -29 3.6
-10 32 -30 3.2
-11 28 -31 2.8
-12 25 -32 2.5
-13 22.4 -33 2.2
-14 20 -34 2
-15 18 -35 1.8
-16 16 -36 1.6
-17 14 -37 1.4
-18 12.5 -38 1.3
-19 11 -39 1.1
-20 10 -40 1.0
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Enter your distortion findings on the Calibration
Worksheet for Bone Conduction on Line 7 in parentheses. If any 
value for the total harmonic-distortion or for the individual 
harmonics does not conform to the specifications promulgated by 
the current ANSI standards, indicate this fact clearly on the 
Worksheet, and implement procedures to repair the audiometer or 
the transducer as necessary. Acoustic-Inmittance-Meter
Calibration
Calibration of the acoustic-immittance meter (Amplaid. 
Model 702) was performed in accordance with the proposed
American National Standards Institute's specifications for 
aural acoustic— immittance instruments [ANSI, S3—60(Draft 
1983)]. The probe-tone output level was measured in a 2-cu.cm. 
acoustic coupler (NBS, Type HAl) with a sound-level meter
(Bruel & Kjaer, Type 2603). The immittance indicator also was 
evaluated in this coupler test cavity. The probe-tone
frequency accuracy was measured using a universal counter 
(Tektronix, Model DC-503) with the sound-level meter. The 
acoustic-reflex activating signals were assessed with a 
6-cu.cm. or a 2-cu.cm. coupler, as appropriate for the 
transducer (for contralateral and ipsilateral stimulation
respectively), in accordance with ANSI S3.6-1969(R1983) and
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ANSI S3.60(Draft 1983). A mercury U-tube manometer
(custom-built by Raff in, 1980) was used to measure
pressure-change accuracy of the instrument manometer.
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Results: The above functions of the acoustic-immittance meter
were found to be within current standard specifications.
NICOLET AVERAGING SYSTEM CALIBRATION
Earphone Calibration
Earphone calibration was performed in accordance with 
specifications promulgated by ANSI (S3.7-1973), using an
artificial ear (Bruel & Kjaer, Type 4152) and an acoustic
coupler (National Bureau of Standards, Type 9A). The output 
sound-pressure level was determined in accordance with the
procedures specified in the above section on audiometer 
calibration.
Earphone Frequency-Response
The frequency response of each earphone [Telex, Model
1470, mounted in neoprene-capped, Buna-S rubber supra-aural 
cushions (MX-41/AR)] was determined with the earphone mounted 
in a 6-cu.c-m. acoustic coupler (NBS— 9A) with a 500-g static 
coupling force. The coupler contained a pressure microphone 
(Bruel fit Kjaer, Type 4144) which was connected to a microphone 
amplifier complement (Bruel & Kjaer, Type 2603) via a cathode 
follower (Bruel & Kjaer, Type 2612). The
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microphone/microphone—amplifier complement system was
calibrated acoustically with a pistonphone (Bruel & Kjaer, Type 
4220), and appropriate corrections were applied to compensate 
for the effects of barometric pressure. The electrical output 
of the microphone-amplifier complement was fed to a
graphic-level recorder (Bruel & Kjaer, Type 2305) via an
appropriate connector cord (Bruel & Kjaer, Type AC-0014). The 
settings of the controls for the graphic-level recorder were as 
follows: input attenuation - 10 dB; writing speed = 200 mm/s;
paper-drive speed = 30 mm/s; potentiometer = 50 dB. The
output of a beat-frequency oscillator (Bruel & Kjaer, Type 
1022) was connected to the earphone via an internal 
impedance-matching transformer. The input voltage to the
earphone was kept constant at 100 mV rms. Figures A3 and A4 
shows the constant-input voltage frequency-response curves
obtained for the earphones used in the present experiment.
Stimulus Parameters
The attenuator linearity and frequency accuracy of the
system were determined using the procedures specified in the 
above section on audiometer calibration. These were found to 
be well within the specifications of current standards. The 
rise/fall times of the stimuli and the duration were determined
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by projecting the electrical output of the system on to an 
oscilloscope connected across the experimental earphones. 
These parameters were found to be within 5% of the nominal 
values.
Peak-Equivalent SPL: The test earphone [Telex, Model 14?0;
mounted in supra-aural, neoprene-capped, Buna-S rubber cushions 
(NX-41/AR)] was inserted on a 6-cu.cm. acoustic coupler 
(NBS-9A) with a static applied force of 500 gm. A tone burst 
(3—period rise-fall time plus a 1-ms plateau duration) was 
generated by the tone generator (NIC-1002). This tone provided 
the input to the earphone. The sound-pressure level thus 
generated was monitored by a microphone (Bruel & Kjaer, Type 
4144) connected to its cathode follower and thence to a 
microphone amplifier (Bruel & Kjaer, Type ). A VTVM
(Hewlett-Packard, 400FL) also was connected across the earphone 
terminals to monitor the input voltages. The signal from the 
system was monitored via an oscilloscope (Tektronix, Type 
3A?4). The peak-to-peak amplitude of the oscilloscope tracing 
was adjusted to a convenient reference deflection. A function 
generator (Hewlett-Packard, 3310B) was connected to the D/A 
input of the system, and a continuous tone of the same
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frequency as that produced in the system-generated tone bursts 
was generated. The output level of the function generator was 
adjusted so that the oscilloscopic tracing subtended the same 
amplitude deflection as that of the system tone burst. The 
sound-pressure level from the earphone in the acoustic coupler 
was obtained from the microphone amplifier complement, and the 
voltage of the continuous tone also was obtained from the VTVM, 
The results are listed in Table Â2.




OF THE EARPHONES USED IN THE CURRENT EXPERIMENT
FREQUENCY (Hz) I I OUTPUT (dB SPL) I EARPHONE VOLTAGE ------------------ +4--------------------4-------------------
I I  I
2000 I I  92.3 I 0.260I I  I
I I  I
4000 II 101.2 I 0.219
I I  I




The data obtained in the course of the present study is 
listed below. The variables are arranged as follows: The
first two columns (1 & 2) are used to insert the subject
number, the next two digits represent the test ear (1 = left 
ear; 2 = right ear), the next two digits are used to represent 
the repetition rate (1 » 10 sps; 2 = 20 sps; 3 = 30 sps), the
next two digits are used to identify the test frequency (1 =
2000 Hz; 2 * 4000 Hz), the next two digits identify the trial 
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APPENDIX C
COMPUTER PROGRAM USED TO GENERATE 
THE ANALYSIS-OF-VARIANCE USED IN THE 
PRESENT EXPERIMENT
The following program was used to administer an analysis 
of variance to the data listed in Appendix B, using the SFSSx 
software package.
FILE HANDLE MA /NAME-'MA.DTA'
DATA LIST FILE=MA / SÜBJ 1-2
EAR 3-4 RR 5-6 FREQ 7-8 TRIAL 9-10
AMPL 11-13 





VALUE LABELS EAR 1 'LEFT' 2 'RIGHT'/
RR 1 '10/S' 2 '20/S' 3 '30/S'/
FREQ 1 '2000 HZ' 2 '4000 HZ'/
ANOVA AMPL BY RR(1,3) FREQ(1,2) TRIAL(1,3)
STATISTICS ALL
Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
Page 139
FINISH




The computer program listed in Appendix C yielded the 
following results: The overall mean amplitude of wave V across
subjects and stimulus condition was 180.76 nV. The tables that
follow provide a basic data reduction based on the measured
amplitude of wave V under the various experimental conditions. 
The means (MEAN)* standard deviations (S.D.), minimum obtained 
amplitude value (MIN), and maximum obtained amplitude value 
(MAX) are provided (Tables Dl through d7). Table D8 provides 
the summary of the ANOVA administered to the data, and
demonstrates that no significant effects were found for any of
the experimental variables.
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TABLE Dl
WAVE V AMPLITUDE DATA FOR 
REPETITION RATE 
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TABLE D2 
WAVE V AMPLITUDE DATA FOR 
STIMULUS FREQUENCY 
(based on 72 observations per cell)
1 FREQUENCY I I STATISTICS I RESPONSE 1
1 (Hz) 1 1 I AMPLITUDE (nV) I
1 1 1 MEAN 1 167.50 1
1 2 00 0  1 1 S.D. 1 97.33 1
1 II MIN 1 10 1
1 1 1 MAX 1 440 1
1 II MEAN 1 194.03 1
1 4000 11 S.D. 1 106.18 1
1 II MIN 1 20 1
1 II MAX 1 560 1
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TABLE D3 
WAVE V AMPLITUDE DATA FOR 
EACH TRIAL
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TABLE D4
WAVE V AMPLITUDE DATA FOR 
REPETITION RATE BY FREQUENCY 
(based on 24 observations per cell)
REPETITION 1 1  FREQUENCY I 1 
RATE (sps) II (Hz) II
I I  I I
I I 2000 I 1
I I  I I  I I  I I1 A 11...... .. . .. . „ J.1..
STATISTIC I RESPONSE I 
1AMPLITUDE(nV)1
MEAN 1 155.00 1
S.D. 1 76.50 1
MIN 1 30 1
MAX 1 360 1
1AU IT "“TT 
11 11
T
MEAN 1 182.08 1
11 4000 1 1 S.D. 1 103.33 1I I  I I MIN 1 40 1I I  I I MAX 1 430 1
I I  I I MEAN 1 191.67 1
11 2000 1 1 S.D. 1 108.93 1I I  I I MIN 1 10 1I I  I I MAX 1 360 1
I I  I I MEAN 1 195.00 1
11 4000 1 1 S.D. 1 111.28 1
I I  I I MIN 1 60 1I I  I I MAX 1 560 1asaBBtasatcsKasss I
1 1  I I MEAN 1 155.83 1
11 2000 1 1 S.D. 1 103.00 1
I I  I I MIN I 50 1I I  I I MAX 1 440 1
MEAN 1 205.00 1
11 4000 1 1 S.D. 1 107.10 1I I  I I MIN 1 20 1I I  I I MAX 1 400 1
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TABLE D5
WAVE V AMPLITUDE DATA FOR 
REPETITION RATE FOR EACH TRIAL 
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TABLE D5 (continued)
REPETITION I I 
RATE (sps) II
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TABLE D6
WAVE V AMPLITUDE DATA FOR 
STIMULUS FREQUENCY FOR EACH TRIAL 
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TABLE D7
WAVE V AMPLITUDE DATA FOR 
REPETITION RATE FOR EACH 
FREQUENCY FOR EACH TRIAL 







TRIAL I I STATISTICS IAMPLITUDE 
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TABLE 07 (continued)
repetition II FREQUENCY I I TRIAL I I STATISTICS IAMPLITUDE 
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TABLE D7 (continued)
REPETITION I I  FREQUENCY jj TRIAL I I STATISTICS[AMPLITUDE 
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TABLE D8
RESULTS OF THE ANALYSIS OF VARIANCE 









RR X FR. 
RR X TR. 






SUM OF I 
SQUARES I







1 4 7 5 9 . 7  I 
2 5 3 3 4 . 0  I 
4 2 3 3 8 . 9  I
5 116486.53
2 I 7 3 79.86
1 125334.03
2 121169.44
7 4 3 4 7 . 2  I 
1 2 6 0 9 . 7  I 
4 4 0 9 8 . 6  1 
1 7 6 3 8 . 9  I 
I
1 7 0 7 3 . 6  1 
1 7 3 8 5 3 . 5  I 
13 2 4 5 6 2 . 5 1  









I 9 2 9 3 . 4 0  
1 6 3 0 4 . 8 6  
111024.65 
I 8 8 1 9 . 4 4
I
I 4 2 6 8 . 4 0  
110 2 2 6 . 6 8  
110512.40





0 . 7 0 2  
2.410 
2 . 0 1 4







0 . 1 7 4







0 . 8 0 4
0.493
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APPENDIX E
INSTRUMENTATION USED TO RECORD AND ANALYZE 
THE ABR IN THE PRESENT EXPERIMENT
A Nicolet CA-1000 Clinical Averager was used to obtain 
the waveforms analyzed in the present experiment* The 
entire unit consists of several subcomponents that include: 
a NIC-1002 Tone Generator that is attenuated by a NIC-1001 
module; a HGA- 200A Physiological Amplifier and a SWA-IOOA 
Electrode Selector. The averaged waveforms were displayed 
on a Hewlett-Packard 1332A oscilloscope, and cursors were 
used to determine the amplitude (in nanoVolts) of wave V. A 
Cal-200 was used to calibrate the voltages for amplitude and 
temporal resolution.
The Nicolet CA-1000 analog-digital converter contains a 
"word length" of eight bits; 256 different voltages can be 
discriminated. Amplitude variations as small as 0.08 uV can 
be accurately recorded due to a bipolar converter range of 
20 uV. Smaller amplitude variations can be resolved also by 
altering the number of sweeps averaged per run, since the 
resolution of the response is proportional to the number of 
sweeps included in each average. The common-mode rejection
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ratio is another means of minimizing noise interference. 
This ratio is a measure of how effectively a signal common 
to both recording leads of an amplifier is attenuated. 
Interference from power line at frequencies of 50 and 60 Hz 
are the most common competing signals. The HGA-200A
common-mode rejection ratio is greater than 85 dB. This
decibel specification means that a common signal is
attenuated by a factor greater than 18,000 [85dB = 20 log 10
EXP(4.5)] relative to a differential signal (Nicolet, 1981).
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APPENDIX F 
SPECTRAL CHARACTERISTICS OF THE TONE 
BURSTS USED IN THE PRESENT EXPERIMENT
The spectral characteristics of the tone bursts used in 
the present experiment were determined by using a 
fast-Fourier transform computer program written by Hayden 
(1984). This program uses information about the rise/fall 
times and the plateau duration of the stimulus envelope as 
well as the stimulus frequency to compute the relative 
amplitude distribution as a function of frequency. The 
computer program used for this purpose is listed in Table 
F3. Tables Fl and F2 show the output of the program, and 
the plots of the spectral characteristics of the tone bursts 
are shown in Figures Fl and F2. The rise/fall times of both 
tone bursts were specified as 6pi (3 stimulus periods at 2pi 
each). The total plateau duration (1 ms) was specified as 
4pi for the 2000-Hz burst and 8pi for the 4000 Hz burst. 
The maximum relative amplitude for the 2000-Hz tone burst 
was 7.85 and the amplitude for the 4000-Hz burst was 10.99. 
The amplitude ratios for the half-power points (-3 dB) was
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computed from the following relationship:
ratio = antilog (-3/20)
The above formula was derived from the relationship between 
sound-pressure ratios and the dB, taking into account that 
halving the power results in a -3 dB change in output. The 
relative amplitude at the half-power points could then be 
computed given the amplitude ratio (amplitude at the
half-power point divided by the maximum amplitude) and the
maximum amplitude. This quantity then was found in the
relative amplitude column of the appropriate table (Table Fl 
or Table F2). The associated frequency ratio then was
noted. The frequency at the half-power points was computed 
knowing the ratio (frequency at the half-power point divided 
by the frequency of the tone burst) and the frequency of the 
tone burst. Thus the bandwidth of the amplitude spectra for 
the tone bursts used in the present experiment could be 
determined. The bandwidth of the 2000—Hz tone burst was
computed to be 308 Hz (from 1846 Hz to 2154 Hz). The
bandwidth of the 4000-Hz tone burst was computed to be 468
Hz (from 3766 Hz through 4234 Hz).
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Figures Fl and F2 also indicate that there exist bands 
or regions of high—amplitude energy present on both sides of 
the peaks. For the 2000—Hz tone, the two major side bands 
of energy are centered at 1260 Hz, 2730 Hz and 3750 Hz. The 
signal amplitudes at these frequencies were -42, —42 and -41 
dB relative to the peak signal amplitude. The frequencies 
of the major side-bands of energy for the 4000-Hz tone burst 
were 36 Hz, 2040 Hz, 2760 Hz, 5220 Hz and 6000 Hz. The 
relative amplitudes of the signal at these frequencies were 
-43, -33, -44, -44 and -33 dB respectively.
The above findings confirm that the stimulus parameters 
used in the present experiment presented the subjects with 
fairly frequency-specific stimuli that should accurately 
reflect audiometric test results.
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TABLE F2






























































































































































































































































































































































































































Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.
Page 167
TABLE F3
COMPUTER PROGRAM USED TO GENERATE 
THE FAST-FOURIER TRANSFORMS OF THE 
STIMULI USED IN THE PRESENT EXPERIMENT
(written by; Professor R.J. Hayden)
C MAINPL.FOR MAY 28,1980
C THIS PROGRAM PLOTS OUT OR TYPES OUT ONE OR SEVERAL
FUNCTIONS.
C THE X AND Y RANGES OF THE PLOT ARE SPECIFIED BY THE
RANGE
C OF THE FIRST RUNTHROUGH. AFTER THIS OTHER PLOTS OF THE
SAME
C FUNCTION WITH DIFFERENT PARAMETERS OR OF DIFFERENT
FUNCTIONS
C MAY BE SUPERIMPOSED ON THE ORIGINAL, FURTHER COMPLETE
PLOTS
C MAY BE MADE WITHOUT EXITING THE PROGRAM. THE FUNCTIONS
TO BE
C PLOTTED (8 AT MOST) MUST BE EDITED INTO THE APPENDED
FUNCTION 
C F(X).
C TO USE GIVE THE COMMAND:
C LOAD(OR EXECUTE)
MAINPL,PHYS.PLOT>SIMDRW,PHYS.PLOT>PLTLIB/LIB 

















32 FORMAT(' ENTER NUMBER OF STEPS')






40 t y p e 50




IF((NOUT.LT.i).OR.(NOUT.GT.8)> GO TO 40 
70 TYPE 80
80 FORMAT(' ENTER PARAMETERS A,B,C,D')
ACCEPT 90,A,B,C,D 
90 FORMAT(4E)






IF(ANSFIL.NE.'YES') GO TO 109 
TYPE 101









109 IF(ANSA,EQ.'YES') GO TO 122 





GO TO 128 
122 CALL TYPPT(X,Y,0,NT0T)
128 TYPE 130
130 f o r m a t (' ENTER 1 FOR NEW OUTPUT, 2 TO CHANGE FUNCTION
OUT
1PUTTED, 3 TO CHANGE PARAMETERS.')
ACCEPT 140,NNN 
140 FORMAT(I)







GO TO (100,200,300,400,500,600,700,800),NOUT 
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F I=»F1+SIN( ( 1. +ALPHA)T ) / ( 2. (1. +ALPHA) )
RETURN
END
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Figure F3. Spectral characteristics of the 4000-Hz tone 
burst used in the present experiment.
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